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Preface 


Why But This Book? 


Te of you who are familiar with Alexander Publishing know that 
our aftermarket manuals are designed to take the place of the factory 
manuals which are commonly difficult to decipher. Generally, we or- 
ganize our books to include all aspects of a machine from two perspectives. 
First, we cover operations: from plugging it in to performing the most 
complex of functions. In this regard, we do our best to include everything 
in an effort to be as comprehensive as possible. Because of this, many 
readers who have looked at the factory manual first find material 
repeated in our book. But since most factory manuals are quite cryptic 
in their explanations, any assistance is generally welcomed and not 
viewed as redundant. 


Second, we look at practical applications, and in the process, delve more 
deeply into this element than the factory manuals. As a result, the reader 
comes away with a better overall understanding. So, it is our general 
policy to cover everything there is to cover in terms of both operations 
and applications when we approach a new MIDI device. 


But this book is going to be different. 


As many of you may have noticed, the Ensoniq factory manual is well 
written and covers most elements of your machine in a clear, precise 
manner. However, it is organized as a reference tool and not as a learning 
tool. Consequently, many explanations are not fully covered in just one 
chapter or even one section, but fragmented throughout several sections. 
The material covering patches for instance is broken up over three 
separate sections. While this makes sense in a reference document it 
makes learning what a patch is and how to use it difficult at best. 


This book approaches the functions of the VFX and VFX-SD as a learning 
process. It’s organized much like other Alexander Publishing books in a 
learning manner, but without the usual step-by-step operation instruc- 
tions since they are already clearly laid out in the owner’s manual. 
Instead, I guide you to read a page or two of the factory manual before 
starting in on the next bit of material here. This way my book becomes 
a work-book which accompanies the factory manual, but picking up 
where the manual leaves off. As you read, I have you jumping from 
page-to-page and section-to-section in the Ensoniq manual to combine 
all the material on a particular subject in full. 


This book is arranged into four sections: 


Ml Section 1 - Introduction - Here we look at the basics - some terminology, 
important disk operations, playing techniques and how to set up the pedals 
on your keyboard. 

Section 2 - Creative Performance - Here we look at how to create your own 
splits and layers, how to control an external sound device from your 
keyboard and how to a multi/(VFX), or the sequencer/(VFX-SD) to create 
complex splits and layers using up to twelve sounds. 

Hi Section 3 - Effects - This section covers the 22 effects built into the VFX and 
VFX-SD. We examine how they work and then try out several settings for 
each one. 

Mi 4- Sound Making - The final section digs deep into designing sounds on the 
VFX and VFX-SD. You learn how to create new sounds from the ground up 
and how to control them creatively in performance. 


For those of you with the new VFX-SD, you’ve undoubtedly noticed an 
absence of Sequencer applications. This is an exhaustive subject in its 
own right and really deserves a book of its own. Keep an eye out for the 
VFX-SD Sequencer Handbook coming soon. 


I hope you enjoy working through this book as much I did writing it. 
Keep your machine on and in front of you as you go through the chapters 
and keep in mind that this is a workbook and not just a reading book. If 
you perform the experiments as they are presented, you'll get much more 
out of the material that follows. 


NOTE: 


1! would have liked to use many of the factory sounds as examples throughout the 
exercises in this book, but the sound library shipped with the VFX is different 
enough from the one shipped with the VFX-SD to prohibit all but a few such 
opportunities. So, instead, I'll suggest you pick a certain type of sound (piano 
sound), rather than a particular sound (El. Piano’). 


Section 1 


Introduction to the VFX 
and VFX-SD 


I: the next two chapters I’ll introduce you to the synthesizer and present 
several basic concepts and techniques. 


Chapter 1 


Hook-Up and Play 


K, first hook up your machine to a sound system if you haven't 
already. 


Read in Your Ensoniq Owner’s Manual: 


1-1 thru 1-5 - These pages explain the layout of your machine and give you some 
guidance in hooking It up. 


1-10 thru 1-11- If you have any problems (low battery, no sound), these pages 
offer some advice. 


At first you should hook up your sound system to the Main Outputs and not the 
AUX Outputs. That’s because all the sounds are programmed at the factory to be 
routed through Main left and right. Later, you can use the AUX Outputs to bypass 
the onboard effects and separate the sounds ina See ncrl We'll talk 
about this in Section 2. 


Home Stereo System 


Your home stereo system is a good choice for monitoring your synthesizer 
for two reasons. It can reproduce all the frequencies generated by the 
VFX and it can do so in stereo. 


To connect the synth to your home stereo, you'll need two audio cables, 

each with a 1/4" plug on one end and an RCA plug on the other. Connect 
the 1/4" plugs into the MIX outputs of your VFX and hook up the RCA 
plugs into an Auxiliary Input on your amplifier. 


The stereo treats the VFX just like a signal from a tape deck or CD, but 
be careful with the volume, the VFX has a stronger electrical output than 
most consumer products. Just don’t crank up the volume past the point 
where your speakers can handle it. You’ll know when it gets too loud. 


Stereo Amp 


MIX Outputs 


Keyboard Amp 


For use at home, or in a live performance, there are many keyboard amps 
on the market today. They’re portable, provide full frequency response 
and often come with EQ and reverb features too! When space and 
portability requirements are top priority, these speaker/amp combina- 
tions are great. The only drawback, is they are not in stereo. 


Mix (Right) 


Modular System 


The most versatile and professional of the three set-ups described here is 
the modular configuration. This system comes in three basic parts: the 
mixing board which combines many inputs into one left/right stereo 
output, a power amp and a set of speakers. Since the VFX has four 
outputs (MIX and AUX), you can use up four inputs in a mixer right away, 
so if you’re getting ready to buy a mixer, get one with at least 12 or 16 
channels, so you have some room to grow as you add new equipment to 
your set up. As mentioned above, use the MIX outputs only at first. Later 
in the book we discuss how to use the AUX outputs. 


Stereo Amp 


MIX Outputs 


VFX i j— OBE GRRRERRREE 


WT TAMA Pha dddbsdaddbdPh sdb 


When using a modular system, be sure to turn on the power amp last and 
turn the system off starting with the power amp, the mixer and finally the 
VFX. This way you won’t run the risk of damaging your speakers with the 
loud popping noise most electrical equipment makes (your VFX included) 
when it’s turned on or off. 


Playing 

After hooking your machine up, you’re naturally going to want to play 
around with the sounds. There are 120 programs in your machine. 
These are divided between two memory files: 


W@ RAM Memory 
@ ROM Memory 


The programs in RAM can be replaced with new programs of your own, 
but the ones in ROM cannot. The ROM programs are basic "bread and 
butter" timbres and are permanent. These are great as building blocks 
for new programs. 


1. Press [Sounds] to select the RAM memory bank of programs. 
2. Use the [0-9] bank keys to select banks of six programs each. 


3. To pick one program from the display, press the [soft key] 
nearest to the program name. When you do, an underline 
appears beneath the name. 


4. Double-click (press twice in a row, quickly) [Cart] to access the 
ROM memory bank of programs. When you do, the [Cart] key 
flashes. From here you can choose ROM programs using the 
[0-9] keys and [soft keys]. 


As you play these sounds, don’t just pluck out a few notes and move 
through the list quickly. Give each sound a few minutes of experimen- 
tation. Think about each sound as a separate instrument in an ensemble, 
which is really what they are. Play them in a characteristic manner. In 
other words, don’t play chords on a monophonic sound, like a solo sax. 
Think about how a sax player would play the instrument. 


Try out these techniques and listen carefully: 


Ml Play detached and then play connected - which sounds better? 

@ Play single note lines and then play chords - both close voiced (notes in the 
chord are close to each other on the keyboard) and open voiced chords 
(notes are spread across a register of the keyboard). 

Mi Do you hear the sound immediately when you strike the key, or does it take 
a moment to fade in? 

Mi Does the sound die away as soon as you release the key, or does it fade out 
over a few seconds? 


Take your time going through the programs and you'll find some inter- 
esting surprises. As you play, try out the performance controllers on the 
front panel of your keyboard... 


Performance Controllers 

Your keyboard is a very expressive musical instrument, not just an 
electronic sound device. The pitch bend and modulation wheels on the 
front panel can be used very effectively to add life to your playing. In 
addition, the keyboard is touch sensitive, which allows you to add 
nuances to your performance with your playing style. 


Read in Your Ensoniq Owner’s Manual: 


1-8 thru 1-9 - These pages explain the performance controllers on the front panel. 
Pay close attention to the pitch bender, the mod wheel and pressure. We'll 
experiment with these and save the [Patch Select] buttons for Chapter 2. 


The mod whee! does a lot more on the VFX than most electronic keyboards. 
If you’ve played synthesizers before, you know that the mod wheel is 
generally used to add a vibrato effect to the sound. Well on this machine, 
the mod wheel can be used to add vibrato and much more, such as change 
the timbre of the sound. Go through the programs and experiment with 
the mod wheel and you'll be inspired to use it in performance. 


Velocity measures the force with which you play the keys. The most 
common response to forceful playing is a louder sound, but there are 
other responses you hear using the VFX. You can add an effect using 
velocity, or make the sound grittier, or add a new timbre. Try out some 
programs and experiment with Velocity control. 


Pressure can trigger a number of responses from adding a vibrato, to 
bending the pitch, to changing the timbre altogether. Try out some 
programs and use pressure control. 


Calling Up Programs from the Disk (VFX-SD) 


After you’ve listened to the internal RAM and ROM sounds, there are a 
few files on the disk included in your starter pack to play around with. 
Ensoniq gets you off on the right foot by giving you a nice starter library. 


The disk included with the VFX-SD gives you five files. Two of these files 
are copies of the RAM and ROM programs, so you won’t ever loose them. 
The other three are totally new! 


To Load Programs From The Disk, Do This: 


1, Make sure your factory disk is in the drive and then press the 
[Storage] located in the Sequencer section on the front panel. 


10 


2. 


The display asks you to select the type of storage from a list of 
three: 


Storage — Select Type — 


MIDI Sys Ex Disk Cartridge 
Ss) =a Ngee 


Select Disk from the display. 
Now select Load from the new display. 


Anew display comes up and the cursor is on the Type parameter. 
Use the [Data Entry] keys to select 60-Programs as the type to 
load. 


LOAD File = VFXSD-int Size = 63 


Type = 60 - Programs 
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6. Now press the [0] bank key (below the display) and hold it. 
You'll see the names of the five 60 Program files on the display: 


60 Program Files 


<2’ _B 
eso 7 ean 


VFXSD-Keys 
ADD-VPC-100 ADD-VPC-100 <> 
Se” 


Empty Location 


7. Select a file by pressing the soft key and then release the [0] 
bank key. 


8. Toload the file you selected into the machine, just press the soft 
key above * YES * on the display. 


Listen to the three new files of programs and then load the VFX-SD INT file 
back into memory. 


Some Terminology 


You've been playing many different sounds and using the performance 
controllers on the front panel to adjust those sounds, so you’re starting 
to understand the capabilities of your new keyboard. Before you get any 
further into experimentation, it’s important that you understand how the 
machine is organized and how the sounds are generated. I’ve listed a few 
of the terms which will become very familiar to you as you read this book 
and your owner’s manual. These definitions will help you understand, 
not only the terminology, but the construction of your synthesizer: 


LZ 


Program 

The sounds you’ve been playing are all called programs. These are 
finished sounds which consist of smaller elements called voices. Programs 
contain six different voices which together create a rich layered texture. 


Program = 6 Voices 


Voice 1=Syn Pluck Voice 2 = Synth Bel Volce 3 = OOOHS 


Together the voices In a Program sound like a Layer 


Voice 


Ensoniq uses this term two ways. First, a voice is the fundamental 
building block of sound on the synthesizer. As just mentioned, programs 
contain six voices and have a richer-layered sound quality. The voices 
themselves have their own sound quality. They consist of a basic 
waveform which defines the type of sound (if a voice is assigned a piano 
waveform, the voice sounds like a piano). The waveform is shaped using 
envelopes and adjusted using a filter and other sound editing devices. So 
you can see that voices are simple sounds, which combined into a 
program, create richer textures (a piano voice combined with a string 
voice gives us a piano/string layer). 


The second way Ensoniq uses the voice is to mean sound generator. When 
you play a note on the keyboard, you're triggering one or more voices in 
a program. Each voice that you've triggered starts sounding and you hear 
them through your sound system. Every sound you hear produced by the 
VFX requires a sound generator in the same way the piano string 
generates a note on the piano. There are a limited number of sound 
generators on your synthesizer which, unlike a piano, are fewer than the 
number of keys on the keyboard. These sound generators are called 
voices. So, if a synthesizer can produce 16 notes at once (play a 16-note 
chord), then it’s said to be 16 voice. The VEX is 21-voice. 
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Patch 

A patch is one of four combinations of voices in a program. All programs 
are assigned six voices, but when you play the keyboard, you don’t hear 
all the assigned voices at once. You may hear two, three or four, but the 
rest are muted and are not heard. The [Patch Select] buttons located 
above the pitch bend and mod wheels allow you to select other combina- 
tions of the assigned voices in a program (four combinations are possible 
with each program). 


For instance, a program may be assigned piano, string, brass and three 
bell-type voices. One patch may use the piano and brass voices another 
may use the piano and string voices, another may use the bell, string and 
brass voices and still another may use four. We'll work with the patch 
select parameters in the next chapter and also in Section 2. 


Preset 


A preset is a combination of three programs. The programs can be 
arranged into: 


@ a split (one program on the left and another on the right hand side of the 
keyboard); 

Wi ora layer (two or three programs heard on each key) 

@ or a combination split/layer (two programs layered on one side of the 
keyboard and the third on the other side of the keyboard) 


As you can guess, presets are very rich sounding textures that can employ 
up to 18 voices at once. The programs in a preset are assigned to a track, 
which are just locations for the programs to go and not recording areas 
in song. We'll look at presets and how to create custom split/layer 
combinations in Section 2. 


Effect 


The VFX is one of a growing number of electronic keyboards that include 
processing effects right on board. These effects, such as reverb, delay, 
chorus, etc., were formally available only as separate pieces of electronic 
equipment. Now they are part of the synthesizer. So they can be custom 
set for every program on the machine. You may have noticed that the 
reverb and delay settings varied from program to program as you tried 
out the different sounds on the VFX. There are 22 different effects on 
board the VFX and each one has a series of adjustable parameters that 
can be saved to memory as part of a program. This means you can change 
the effect with every program. 


Controller 


This is an ambiguous term that can mean a number of things. We'll use 
it to define a particular device on the synthesizer that controls an aspect 
of the sound. 
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For instance, the pitch bend wheel is a controller and so is the modulation 
wheel. The pedals which you connect to the rear panel are also control- 
lers as is the keyboard itself. 


All of these devices are used to adjust an aspect of the 
sound. 


There are two classifications of controllers in the MIDI specification: 


@ switch controllers; 
Wi continuous controllers. 


A switch controller is one that controls on/off values. The sustain pedal 
is a switch controller. A continuous controller is one that controls 
gradual changes. The mod wheel is a continuous controller. 


Sequence 

On the VFX-SD, a sequence is a short section of music (from one to 99 
bars) that represents a portion of a whole song. The VFX-SD holds 60 
sequences in its internal memory which can be combined into a complete 
piece of music called a song. 


Song 


On the VFX-SD, a song is a full piece of music that contains a number of 
sequences in a particular order. 


Basic Disk Operations 


Before you go on, make a copy of your factory disk and keep the master 
in a safe place. Begin by reading a bit about the disk drive on your 
machine and how the data is organized on the disk itself. 


Read in Your Ensoniq Owner’s Manual: 


11-2 thru 11-4 - These pages explain basic disk operations and show how the 
files are organized on the disk. 


11-25 thru 11-26 - If you have problems and the display is showing something 
you don’t understand, these pages should help you out. 


Formatting New Disks 


You should always have a few empty disks on hand for storage purposes. 
These can be purchased at any computer store, but must be double-sided, 
double density, regardless of the brand. 


Before new disks can be used they must be formatted, so start by 
formatting a few disks so you can used them when you need them. 
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1. Insert a blank double-sided double density disk into the drive 
(label side up). 


2. Press [Storage]. 
3. Select Disk from the display. 
4. Select Format from the display. 


5. The display tells you that All Disk Files Will Be Erased. Select *Yes* 
to proceed. If you decide to cancel the procedure press *No*. 


6. The process takes about a minute and a half to complete. 


Copy Your Master Disk 


Now, make a copy of the master factory disk that came with your 
synthesizer: 


1. Press [Storage] and then select Disk from the display. 


2. Select Copy from the display. The screen shows Sequencer Data 
Will Be Erased, press *Yes* to proceed. If you have not saved your 
sequence data press *No* and save the data before going on. 


3. After pressing *Yes* the display tells you that All Disk Files Will 
Be Erased. Insert the destination disk (the one you’re Copying 
To), and press *OK™. If the destination disk is not formatted yet 
your synthesizer will format it now. 


4. Ina moment the display will ask INSERT SOURCE DISK. First 
make sure that your original disk is write-protected (you can 
see through the little square write-protect hole). Insert the 
write-protected original disk into the drive and press *OK™*. 


5. Now the VFX-SD will load the data from your original disk into 
its sequencer memory. When the memory is full the display asks 
you to Insert The Destination Disk. If there are many files on your 
original disk the copy procedure may take several steps and 
you'll be swapping the original and the destination disks 
throughout. 


Each time you are asked to insert the Source or Destination disk, 
insert the proper disk and press *OK*. 


6. When the copy process is complete the display reads, DISK 
COMMAND COMPLETED. 
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After copying your master, put the original in a safe place and use the 
copy for your daily work. Always backup important data using the disk 
copy function shown above, because you never know what can happen. 


Loading/Saving/Deleting 

Your owner's manual is very clear about loading and saving data to and 
from the internal memory. Read the instructions in Section 11 of your manual 
when you need to perform these functions. 
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Chapter 2 


More Playing 


Ww: move a little bit beyond the simple selection of programs 
introduced in the first chapter and try picking some patches within 
the programs and then layering programs together into some layered 
combinations. 


Patches 


As mentioned in Chapter 1, patches are different combinations of the six 
voices contained in a program. Each patch uses a two or three of the 
voices, but the rest are muted. There are four patches (voice combina- 
tions in each program and so you have four different versions of the sound 
at your command. 


Patches are called up using the [Patch Select] buttons located above the 
pitch bend and mod wheels. There are four ways to use these buttons 
and each way calls up a different patch. 


00 - Neither of the buttons is pressed 
o* - Just the right button is pressed 
*0 - Just the left button is pressed 

** . Both buttons are pressed 


18 


Note that the patch is only called while HOLDING the button(s) down. 
When you release both, the first patch is called up again. 


Try calling up patches in each program, you'll be delightfully surprised 
at the interesting differences between them. You can monitor the voices 
as they are muted and un-muted by pressing the [Select Voice] key after 


choosing the program you want to listen to. All six voices are listed on 
the display: 


SelV DPNO-Tine DPNO-Tine PNO-Ping 


{00 ) (INHARM-X) (Acous-Gtr) (Strings) 


Parenthesis Indicate that the voice is muted (not heard) 


Shows the current 
Paich = 00 


Using Patch Select 


As you may have noticed while experimenting with the various patches, 
you're limited to one hand playing because you have to use your left to 
hold down the [Patch Select] buttons. If you want to select a patch and 
then lock it in so you can play with both hands, you can do this by using 
the Hold function: 


How to Assign a Program to One Patch: 
1. Call up the program you want to use. 


2. Press the [Patch Select] key and this display appears: 


See illustration on next page. 
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Program Names 
(underline Indicates the program’s heard) 


ZAIN 


PSEL ARCTIC-ELATE OLYMPIANO inspired 


LIVE HOLD 


Current state of 
Patch Select Buttons 


Current Patch Select Value 


This display shows three different programs. The program you 
just selected will be underlined and in one of the three slots on 
the display. The other will not be underlined and are not heard. 


The Patch Select parameter is below the program name. Right 
now the parameter value is LIVE. Select the parameter for 
editing by pressing the [soft key] below it. When you do, the 
parameter is underlined. 


There are six possible values for the Patch Select parameter: 


e LIVE - This is the default setting. It means that whatever patch 
you call up using the [Patch Select] buttons is the one you'll hear. 

e@ 00 - This value sets the program to patch #1 (neither button 

pressed). 

0* - Sets the program to patch #2 (just the right buttons pressed). 

*0 - Sets the program to patch #3 (just the left buttons pressed). 

** . Sets the program to patch #4 (both buttons pressed) 

HOLD - Special settings that allows you to pick and hold a patch 

during a performance. 


The Patch Select value is set using [Data Entry]. 
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Read in Your Ensoniq Owner’s Manual: 


3-7 up to "Latching Patch Selects" - This explains the Patch Select parameter 
we’re working with now. It’s a bit confusing so after you've read this page come 
back and I'll explain. 


When you pick Hold as the parameter value on the Patch Select page, you 
give yourself the option of selecting different patches during a perfor- 
mance, and then locking one in place for two handed playing. This is 
more flexible than simply selecting one of the four patches and then 
playing because you can always change patches fast using HOLD. 


7. After setting the parameter to HOLD, call up patches the same 
way as before. 


8. Ifyou want to hold a patch, just call it up using the [Patch Select] 
buttons. 


9. Hold the [Patch Select] buttons down, play a key and then 
release the [Patch Select] buttons. The patch you just called up 
is locked in and you can play with both hands. 


10. To choose a new patch, just call it up using [Patch Select], play 
a key and it’s locked in. 


NOTE: 


The Patch Select parameter you choose here cannot be saved as part of a 
program, but you can revise the different patch arrangements, and assign the one 
you use most to patch #1 (00). 


Layering Programs 


So far you’ve worked with just programs and the voices within the 
programs using Patch Select. Although the programs themselves are 
quite rich and layered, you can even layer more than one program 
together (up to three). If you like a particular combination, you can save 
it to a preset memory location. [’ll explain about presets later. For now 
let’s try layering some programs temporarily: 


Read in Your Ensoniq Owner’s Manual: 


2-3 "Layering a sound..." 
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6. Pick a starting program (this is called the primary sound). 


NOTE: 


The effect assigned to the primary sound (reverb, delay, chorus etc.) is the one 


all others in the layer are affected by. This means that if your primary program 
has a delay setting assigned to it, then all three programs in the layer are heard 
with the same setting. 


7. Double click on any other program in RAM or ROM memory. 
The cursor line will flash to indicate that the new program has 
been selected and is now layered with the primary program. 
PLAY! 


8. You can pick a third program to layer with the other two by 
double-clicking on any other in RAM or ROM. 


9. if you don’t like a layered program, just click once on its soft 
key and the sound is removed from the layer. 


10. If you want to start with a new primary program, just 
single-click on a program and the previous layer is cancelled 
and you can start from scratch. 


11. If you want to select a particular patch for one or all of the 
programs in your layer, just press the [Patch Select] key and 
choose the patches you want with [Data Entry]. 


VFX Housekeeping 


Now that you’ve had a chance to experiment a bit I’ll list a few housekeep- 
ing chores you need to know about. All the parameters you'll be using 
are located on three pages in one menu (how’s that for convenience!). 
Press the [Master] key (under System) and then: 


Read in Your Ensoniq Owner’s Manual: 


6-1 thru 6-3 (up to "System Pitch-Table") - These pages explain how to custom 
set up your synthesizer for your own playing style. Note that Slider and CV-Pedal 
values are found on page 2 of the Master menu. Select page 2 by pressing the 
[Master] again and return to page 1 by pressing again. 
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Touch 

As you read the pages recommended, pay close attention to the Touch 
parameter. Try out several of the settings before you decide which one 
is best for you. You may even change the Touch setting from time to time 
depending on the environment you're playing in. 


Pedals 

The pedal controllers can be very useful in performance or during 
recording. As you can see from the number of possible assignments, there 
is quite a bit of flexibility in pedal control. You have one input jack for a 
switch pedal labeled Ft.Sw. on the rear panel of your machine, but you 
can choose between two types of pedals. The single switch pedal shipped 
with your synthesizer, gives you control of one function (usually sustain). 
With the optional SW-5, you have two pedals plugged into the one jack. 
The function of either the single pedal or the optional double pedal is 
defined by the FS2 and FS1 parameters. 


FS2 defines the function of the single switch pedal, or the right side pedal 
on the double pedal. It’s already assigned to sustain control, but if you 
have the double pedal you can change this to Patch R if you want (it can 
then be used in place of the right [Patch Select] key) . When used together 
with FS1 assigned to Patch L, you can use the two pedals to select patches 
instead of your left hand. 


FS1 can also be assigned to Sostenu and Advance settings. 


The optional CV-Pedal is fully assignable to act as a Volume pedal or as 
a modulator (this value is found on page 2 of the Master menu). When 
assigned to VOLUME (the default value), the CV-Pedal operates like a 
swell pedal on an organ. It also sends MIDI volume commands to any 
external slave devices connected to the Out port of the VFX. If you have 
a CV-Pedal, leave the assignment set to VOLUME for now. 


When assigned as a MODULATOR, the pedal can operate in a wide variety 
of capacities. Many parameters within programs and voices can be set 
to respond to a modulator (which is used to adjust an element of the 
sound). 


For example, you can set the effect delay time to be controlled by a 
modulator and thereby adjust the time during performance for expressive 
effect. If you assign the CV-Pedal as the particular modulator, then the 
pedal becomes the controller that makes the delay time adjustments. 
We'll talk more about modulators in Section 4. 


Slider ; 

The Data Entry Slider can be set to two values. NORMAL assigns the 
slider to parameter value adjustments during editing. In this mode the 
slider works the same job as the Data Entry keys. 
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When set to TIMBRE, the slider can be used as another modulator which 
changes an element of the sound during performance. Try setting the 
slider to TIMBRE and then select a few programs and adjust the slider up 
and down. On some you'll notice a marked difference and on others you 
won't hear much change at all if any. That’s because on some programs, 
a greater amount of control was given to the TIMBRE modulator (con- 
trolled by the slider), and on others a lesser degree of control was given. 


Again, we’ll discuss modulators in Section 4. 
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Section Summary 


Summary 


Ts section introduced you to several concepts and techniques that 
are fundamental to using the VFX and VFX-SD. Even if you don’t plan 
to do much editing on your machine, the principles here are important 
to know well, just so you can get the most out simply playing your 
synthesizer. 


In the next three sections we'll be getting deeper and deeper into editing 


the sounds and the effects, so make sure you're comfortable with this 
introductory material before going on. 
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Section 2 


Creative Performance 


n Section 2, we'll look at ways to use your synthesizer creatively in 

performance. We'll invent new layer combinations for patches in a 
program. We'll combine programs into splits and layers and also use 
MIDI to control a network of external slave devices. 
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Chapter 3 


Editing Programs 


a bw are two sound performance levels on the VFX and VFX-SD. 
These are: playing programs and playing presets. In this chapter, 
we'll work with individual programs and learn how to create new patches 
and adjust overall performance parameters such as pitch bend range and 
glide. 


All of the program parameters, that is, all the changes you can make to 
individual programs, are discussed here in this chapter with exception of 
the effects. The processing effects (reverb, delay etc.) are intricate 
enough to deserve their own section of this book. We'll look at the effects 
in Section 3. 


Saving New Programs 


You may want to save some of the edits you make while reading this 
section. All edits are temporary until you make them permanent by 
saving the new program to a memory location. The most important item 
to remember when saving new programs to memory is, that the program 
currently in the destination location will be replaced by the new one. If you 
don’t have all currerit programs stored to disk (or cartridge), you should 
do so before saving any new ones. Or, you can just choose to erase a 
program you don’t particularly care for. 
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Read in Your Ensoniq Owner’s Manual: 


7-9 thru 7-10 - these pages tell you howto save programs to memory. Remember 
to pick your destination location carefully because you'll erase the program 
currently in that location. 


Creating New Patches 


In Chapter 2, you learned how to select patches using the [Patch Select] 
keys and also, how to lock a patch in place so you could play the keyboard 
with both hands. The patches you were selecting were prepared at the 
factory, but you're not limited to these combinations by any means. You 
can create your own patches using the six voices in every program. 


Patches are just combinations of voices in a program. The way the voice 
sounds, if it’s high or low, loud or soft, is a factor of voice programming, 
not patch programming. When you create a new patch, you’re only 
choosing which voices in a program will be heard or not heard. To review 
what we know about patches: 


Read in Your Ensoniq Owner’s Manual: 


7-2 Patch Select Buttons 


7-6 Programming Patch Selects 


3-7 Patch Select Page 


7-4 Select Voice Page 


The owner’s manual tells you what a patch is, how the [Patch Select] keys 
are used to call up various combinations, how to HOLD and LATCH 
certain patches so you can play with both hands, and finally, how to read 
and operate the Select Voice Page. 


The Select Voice Page is an important one to know because you'll use it 
for a number of purposes - programming patches and preparing to edit 
the voices themselves to name two. Practice using the page, so you'll 
know how without thinking: 


1. Select any program and press the [Select Voice] key. The display 
shows you the six voices in the program: 
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e Avoice in brackets: (GRAND-PNO) means that the voice is muted 
and is NOT HEARD. 

e Avoice without brackets means the voice is heard. 

e Avoice with asterisks: *GRAND-PNO* means the voice is soloed 
and is the only voice you hear. 

e An underlined voice: GRAND-PNO means that this voice is 
selected and can be edited using the voice programming 
parameters found in the Programming section of the synthesizer. 


2. To operate the page: 


Select a voice by pressing its [Soft Key]. 

e@ Mute a voice by selecting it and then pressing the [Down Value] 
key. 

@ Unmute a voice by selecting it and pressing the [Up Value] key. 

@ Soloa voice by selecting and pressing the [Up Value] key until the 

asterisks appear. 


Designing a New Patch 


Once you know how to operate the Select Voice page, you can create new 
patches very easily. A good reason to create new patches right away 
might be, if you prefer one of the manual patches (a patch you have to 
call up with the [Patch Select] keys) over the one automatically called up 
when you select the program. In other words, to achieve the sound you 
want, you first have to select the program and then use the [Patch Select] 
keys to call up the voice combination you like. Follow the steps below 
to assign the patch you prefer into the (00) position. 


All you have to do is: 


1. Choose the program you want to work with. 
2. Press [Select Voice]. 


3. Run through the patches you currently have using the [Patch 
Select] keys. If you want to transfer one to another position, 
memorize the desired voice combination so you can remember 
which voices were muted and which were not. If you intend to 
create a whole new patch, find one you don’t mind replacing. 


4 Choose the [Patch Select] position you want to write the new 
patch to (00, *0, 0*, **). 
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5. Mute and unmute voices, listening to the combinations you 
come up with. When you've settled on one, leave the Select 
Voice page and save the new program to memory (see above). 


Five Program Edit Parameters 


There are five performance parameters you can edit and thereby change 
the way the program responds to your playing. These are: 


Wi Pitch Table 
Wi Bend Range 
Wi Delay 

Wi Restrike 
HE Glide-Time 


They are all listed on the same display, accessed by pressing the [Program 
Control] key. 


Read in Your Ensoniq Owner’s Manual: 


7-7 thru 7-8 


Let’s begin with Bend Range. 


Bend Range 

We've already worked with a Bend Range parameter in Chapter 2. This 
parameter performs the same function by defining the range of pitch 
adjustment controlled by the pitch bend wheel. The difference between 
the parameter on the Master page and the one introduced here on the 
Program Control page is, on the Master page, the Bend Range value is 
global (applies to the machine as a whole - all programs and patches) 
and on the Program Control page, Bend Range applies only to the selected 
program. The Program Control value overrides the Master value for each 
program. 


You can set the Bend Range separately for every program within a pitch 
register of an octave. You'll notice that the parameter has a value range 
of 00-12, **. The numerical values represent cromatic half steps. The 
asterisks mean that the program will use the global Bend Range value. 


Use The Global and Program Bend Range Parameters Like This: 
1. Set the Master page value to one that you commonly use. The 


default setting of 02 raises and lowers the pitch by a whole step. 
This is the most popular setting for soloing. 
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2. Set the Program Control value to ** for ordinary control and for 
special effects, use the numerical values. As mentioned above, 
the value set on the Program Control page overrides the global 
setting. 


Delay 


This parameter is closely related to the Delay parameter in voice edit. 
This parameter just sets the amount of delay already decided on when 
programming a voice, so by itself, the Delay parameter here doesn’t mean 
much. You have to work with both voice edit and program edit together 
when setting Delay. Since both the voice and program parameter values 
are saved to memory when you store a program, you can play around 
with both values and then use the steps shown on pages 7-9 thru 7-10 
in your owner’s manual to store them. 


Here's How to Edit DELAY: 


1. Select any program from memory. 


2. Press [Select Voice] to see which voices are heard (without 
brackets). 


3. Select any unmuted voice. 
4. Press [Program Control] and set Delay to x1. 


5. Press [Wave] and set Delay to a value within the parameter 
range (000-250). Larger values equal longer delay times. The 
KUP value means the delay is triggered when you lift up on the 
key. 


6. Now, when you play the keys, you’ll hear the voice you’ve been 
editing come in a split second after you play. 


7. Press [Program Control] again and set the Delay parameter to 
x2 and the delay time is doubled. Set it to x4 and the time is 
quadrupled and so on. 

8. Save the edit to a program location. 

As you can see, the Delay parameter in Program Control just adjusts the 


time already set in Wave. If the value in Wave is set to 000, the Delay 
parameter in Program Control does nothing. 
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Restrike 

This is an important parameter even though it controls a subtle nuance 
of the sound. As explained in the manual, Restrike sets the amount of 
time it takes for a note to fade away after playing the same note again in 
close succession. This is a critical factor with all sounds that continue to 
sound after you release the keys, such as chimes or ensemble strings and 
chorus. 


The value range of Restrike is 00-99. Larger values equal a slower fade 
to silence. When you’re working with this parameter, try to think of how 
the sound responds in nature. So, if you’re editing a chimes sound, for 
instance, think about how the ringing tone of a chimes sound is increased 
with every new strike. For this type of sound, you’d want to use a middle 
to larger Restrike value to simulate the natural sound. 


1. Select program, CLOCK-BELLS. 
2. Press [Program Control] and select the Restrike parameter. 


3. Set the value to 00 and strike the same note on the keyboard 
several times. Listen to the way each successive strike cuts off 
the ringing of the one before it. 


4. Now set the value to 80 and play the keyboard again. You'll 
hear the ringing building up with each new strike. 


Pick values between 15 and 50 for ensemble sounds like 
slow strings, chorus and pads. Pick higher values for 
ringing percussion. Use your ears. 


Glide Time 

This parameter is commonly known as portamento, but glide describes it 
better. It sets the amount of time it takes for the pitch to travel from one 
note to another. If you don’t want any glide between notes, you set the 
time to 00. Larger values increase the time until you have what can sound 
like a lunar landing. 


Like Delay, the Glide-Time parameter does not work alone, but operates 
in conjunction with a Glide parameter found in voice edit. Since both of 
these control one effect we'll look at both together. To learn about Glide 
in voice edit: 


Read in Your Ensoniq Owner’s Manual: 


8-17 thru 8-18 Glide (VFX-SD), 8-15 thru 8-16 (VFX) - these pages tell you all 
about the four forms of glide. 
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MONO - This type can be used for soloing when you what to glide between 
all notes played, such as a synth lead solo. 

Mi LEGATO and TRIGGER - These types can be used for horn/sax solos where 
need can control when you use glide and where you don't. 

@ PEDAL -This can be used to create polyphonic glide. 


NOTE: 


Please note that every Glide value (other than NONE) makes the voice 
monophonic (no chords). 


After reading about glide, try this experiment: 


1. Select a brass sound that has a relatively quick attack. Slow 
strings can work fine with glide, but not for this experiment. 


2. Press [Select Voice] and solo one of the unmuted voices - *Voice 
Name* (double click on the soft button, or use the [Value] keys). 


3. Press [Program Control] and set the Glide Time parameter to 50. 


4. Press [Pitch Mod] and set Glide to NONE. When you play from 
note to note you won't hear any glide even though the Glide 
Time is set above 00 in Program Control. 


5. Set the value of Glide to MONO. Play and you'll hear glide 
between every note you play whether you release the keys 
between notes or connect them. Remember that this and all 
other Glide values make the voice you’re editing monophonic. 


6. Change the Glide value to LEGATO. Now when you play 
disconnected, you don’t hear the effect, but if you hold a note 
down and then play another, you do hear glide. 


7. Now change the value to TRIGGER. Play and hold a note and 
then play another - you hear glide. Now release the second note, 
but continue to hold the first and play a third note - you don’t 
hear glide any more, only on the second note you play and no 
other subsequent notes while continuing top hold the first. 


8. Nowset the Glide value to PEDAL (make sure you have a switch 
pedal plugged into the Ft.Sw. jack and set FS2 to SUSTAIN on 
Master page - this is the default setting). This is a special value 
because it allows you to achieve polyphonic glide. Play a two 
notes and depress the pedal to engage the glide effect and set 
the number of notes possible to two. Keep the pedal down and 
play another two notes in another register of the keyboard. If 
you play three notes and then depress the pedal, you set the 
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polyphony limit to three notes. The number of notes you’re 
holding down when you depress the pedal sets the polyphony. 


9. Move back to Program Control press the [Program Control] key 
and adjust the Glide-Time value. 


10. Save any edits you make that you want to keep to memory - see 
pages 7-9 to 7-10 in your owner's manual. 


Here Are Some Ideas You Can Try With The Glide Function: 


1. Set one or two voices to PEDAL, but leave one or two without 
glide (NONE). 


2. Play achord and depress the pedal and then play another chord. 
Part of the sound sustains the first chord and plays the other, 
while another part of the sound glides from the first chord to 
the second. 


3. Release the pedal and you hear no glide at all. 


4. Use the LEGATO setting for most solos, so you can control the 
use of Glide with your playing style (disconnected notes equal 
no glide, connected notes engage glide). 


Pitch Tables 


The Pitch Table function is one of the most interesting on the synthesizer. 
This function allows you to set up an alternate tuning on your instrument, 
so the pitch relationships between the keys are not what you normally 
hear. For example, you can set it up so when you play half steps on the 
keyboard you hear pitch changes that are smaller than a half step. This 
allows you to access pitches that are in between half steps which is the 
smallest change in our western 12 tone scale. Although music played 
with alternate tunings takes a bit of getting used to, eastern cultures have 
been creating music outside our 12 tone scale for thousands of years. 


Many of today’s forward thinking composers are using alternate tunings 
in their music. You'll be surprised at the interesting results you can get 
just from trial and error experimentation. 


Like Delay and Glide, Pitch Table uses more than one parameter on more 


than one screen. First, let’s learn a bit about how this works on your 
machine: 
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Read in Your Ensoniq Owner’s Manual: 


9-1 - this explains what the Pitch Tables are. 


7-7 - this shows how the Pitch-Table function is engaged. Note that when you 
use a Pitch-Table, you sacrifice voices 5 and 6 in the program. 


8-16 Pitch-Table (VFX-SD), 8-14 (VFX) - this explains that each voice in a 
program can be set to use the SYSTEM table (generally the common 12 tone 
scale), no pitch tracking at all (ALL C4), or the CUSTOM table you invent for the 
program. 


As you can see from the manual, Pitch-Tables are created on Program 
Control page and then assigned to voices within the program on the Pitch 
page. Each program can store its own Pitch-Table, so the odd scaling 
you create for a particular program does not affect any of the other 
programs in memory. And since you can assign a voice to accept or ignore 
the custom table, you can create a program where some of the voices 
play the unusual table and others don’t. This can produce some very 
unusual results when two scalings are playing at the same time (great 
for scoring psycho films). 


Learn How to Use the Pitch-Table 
There is a useful exercise in your owner’s manual which demonstrates 
how you create a new Pitch-Table. 


Read in Your Ensoniq Owner’s Manual: 


9-2 thru 9-4, stopping when you get to "Removing a Custom Pitch-Table". You 
should be in the middle of an exercise at this point. Instead of going on right 
away, add these steps from where you left off in the manual: 


1. Set pitch for C4 back to C4 and 00 cents. 


2. Select the source key value (the value next to KEY on the 
display) and set it to C+. Set this pitch to C4 and 50 cents. 


3. Select D4 as the source key and set it to C4+ and 00 cents. 
4. Select D4+ as the source key and set it to C4¢+ and 50 cents. 


5. Select E4 as the source key and set it to D4 and 00 cents. 
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Now you’ve set the first four notes above middle C to quarter tone steps 
instead of the standard half steps. From here, you can continue to adjust 
quarter tone values for the remaining keys on the keyboard (a dismal 
prospect at best), OR you can let the machine do this for you quickly and 
easily (a much better choice, I’m sure you'll agree). 


6. The Pitch-Table Calculator gives you two functions - 
EXTRAPOLATE and INTERPOLATE. The difference between 
the two is this: 


e Extrapolate takes the work that you’ve completed within a small 
range of notes (such as the quarter tone steps you set up between 
C4 and E4) and sets up the same relationship across the whole 
keyboard. 

e Interpolate takes an interval that you define and makes the bottom 
note in the interval, the bottom note on the keyboard and the top 
note in the interval, the top note of the keyboard. All the other 
keys in between trigger equal steps between the two notes. If you 
defined a half step as the starting interval, you’d end up with a 
half step between the bottom and top notes of the keyboard with 
59 very small steps in between. 


7. Since we’ve already set up a small scale model, we'll use the 
Extrapolate function. Press the soft key above *Calculator* on 
the display and you'll see this on the display: 


Sa) i) =a 
Pitch Table Extrapolate Interpolate 
Key Range Start/End C4-C5 *Exit* 


8. Press the soft key below the Key Range parameter and select the 
top key value (repeated pressings toggles between the two key 
values). 


9. Set the value to the top note in our scale model (E4 in our 


exercise). You can do this by either using the [Value] keys or 
playing E4 on the keyboard. 
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10. Now press EXTRAPOLATE and the synthesizer creates the same 
quarter-tone pitch relationship across the whole keyboard. 


11. Nowtry the exercises on page 9-4 in your owner’s manual under 
Creating and Extrapolating a Custom Pitch-Table and 9-6 
Creating and Interpolating a Custom Pitch-Table. When you're 
finished: 


Read in Your Ensoniq Owner’s Manual: 


9-4 Removing a Custom Pitch-Table 


9-6 Alternate tunings for the System Pitch-Table 


1. Save a Pitch-Table to memory as part of a program - see 7-9 
thru 7-10 in your owner’s manual. 


Some Experiments to Try 


Give these ideas a try: 


After Creating a Custom Pitch-table 


Set some of the voices in your program to the CUSTOM table and some 
to the SYSTEM table. This way you can hear some unusual intervals 
between the voices when you play each key. 


Interpolate a Table 


That spreads a fourth interval across the whole keyboard (C2 = C4/C7 
= F4 for instance). You can use a scaling like this to manually control a 
glide effect. 


Extrapolate a Whole Tone Scale Like This: 


Set C4=C4 and C4+=D4, set the Key Range in the Calculator to C4-C4+ 
and press EXTRAPOLATE. All half steps become whole steps. 


Create an Opposite Scale This Way: 


Set C4=C4 and C4+=B3, set the Key Range value in Calculator to 
C4-C4+ and press EXTRAPOLATE. Playing up makes the pitch go down. 
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Chapter 4 


Editing Presets - Stage 1 


ky the remaining chapters of this section, we'll be working with presets. 
Programs, as you know, are a combination of six voices and the four 
patches within each program are different arrangements of those voices. 
A preset is a combination of three programs into an even richer layer 
and/or split arrangement. Since we haven’t worked with presets yet, let’s 
examine what a preset is. 


Read in Your Ensoniq Owner’s Manual: 


2-4 thru 2-5 - these pages discuss tracks with regard to presets and the 
sequencer. They explain that a preset contains a list of parameters for each track. 
These allow you to adjust the three programs in a preset separately and so set 
the volume level between them, the pitch relationships, the pan position etc. 


3-1 - this page outlines the preset parameters quite neatly. Keep in mind that each 
of these parameters are available for each program in the preset combination. 


2-6 (up to "Editing a Preset’) - this page explains how to select presets from 
internal and ROM memory. 
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NOTE: 


A solid underline beneath a program name indicates the PRIMARY PROGRAM. 
This is the program that defines the processing effect (reverb, delay etc) used by 
all programs in a preset. A flashing underline indicates an additional program, 
heard along with the primary program. If a program on the display is not 
underlined at all, it is not heard as part of the preset. 


Flashing underline = 
Heard 


No underline = Solld underline = 
Not Heard Heard/Primary Program 


Listen to the presets programmed at the factory. Use the mod wheel to 
change the sound and the [Patch Select] buttons to choose new patches, 


Saving Presets to Memory 


In the following chapters, you'll be working with preset editing 
parameters and creating new combinations. You may want to save some 
or all of your new presets. To do so: 


Read in Your Ensoniq Owner’s Manual: 


2-8 thru 2-9 (up to "Replace Program’) - this shows you how to save a preset 
to memory after you've completed the edits you want to save. 


Replacing Programs 


The simplest way to invent a new preset is to switch around the programs 
in an existing one. Once you do this, you can go on and adjust the 
volume, pan and other parameters to your liking. 
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Read in Your Ensoniq Owner’s Manual: 


2-9 "Replace Program" thru 2-10 “Replacing a Program and the Effect in a 
Preset" - this information gets you started. When you're finished try this: 


1. Call up a preset. 


2. Press [Volume] in the Performance section of the front panel. 
The display shows you the relative volume levels of all three 
programs in the preset. You’re not going to change the volumes 
yet, you’re just using this page to make a program selection from 
(any of the Performance edit pages will serve the purpose - Pan, 
Timbre, Key Zone etc). 


3. Using the soft keys below the display, select one of the three 
programs. This is the program you're going to replace with a 
new one. 


4. Press [Replace Program] and the display changes to show you 
one of the program bank files. 


5. Now you can call up a new program from the current bank or 
from any of the 9 banks in RAM, or 10 banks in ROM. When 
you’ve made your selection, the new program replaces the old. 


6. Toreplace another program in the preset, select [Volume] again, 
choose another program from the three on the display (using 
the soft keys below), and press [Replace Program]. 


7. Save any new presets you create that you want to keep to 
memory - see 2-8 in your owner's manual. 


Creating a New Preset Combination 


We've worked with combining three programs together in Chapter 2 and 
replacing existing programs in a preset in this chapter. now we're ready 
to start adjusting the performance parameters. A good introduction can 
be found in your manual: 


Read in Your Ensoniq Owner’s Manual: 


2-6 Editing a Preset thru 2-7 - try out the steps suggested. When you’re finished, 
pick up the exercise with the steps below: ; 
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1. By working the exercise suggested in your manual, you just 
adjusted volume balance between the programs. Pick up your 
manual and turn to page 3-2 Volume Page. Read the 
information there and adjust the values to experiment with the 
parameter. We'll be taking these pages one at a time in the 
order they are presented in your manual (pages 3-2 thru 3-6, 
stopping with Track Control Parameters). 


Pan 


2. Press [Pan] and read the info on page 3-3 in your manual about 
the Pan Page. This is an important consideration when 
designing preset combinations. 


Most of the detail work is already done for you, because the individual 
voices within a every program are panned to provide a pleasing balance. 
Listen to a few programs and you'll see that the layered voices are coming 
from different directions in the stereo field. You can use these settings 
for your preset by selecting VOI. 


However, maybe the voice pan settings don’t blend well in a preset 
combination (perhaps you hear too many voices coming from center for 
example). When this is the case, or when you deliberately want to place 
a certain program at a single pan position, you can select one of the 
numerical values. This places all voices at that position. So with VOI, 
the voices in a program retain their original settings which are generally 
panned across the stereo field. 


With a numerical value, you give up the original voice settings and place 
the whole program in one pan position: 


Please see illustration on next page. 
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Sweeper Strings 


Drawbars 


Vol 


The little lines around the dashed underiine on the 
Strings & Sweeper indicate that the dashed line Is flashing 


3. Going on, press [Timbre] and read the related material on page 
3-3 in your owners manual. 


Timbre 

Timbre on the VFX and VFX-SD synthesizers is a modulation source just 
like the mod wheel or the pedals. Timbre modulation is controlled using 
the Data Entry Slider to the left of the display screen. The changes you 
hear when you move the slider depend on how the voices in the program 
you're addressing were set to respond. In other words, you may hear 
different responses from program to program when you move the Data 
Entry Slider. Some programs are designed to ignore the slider and so 
you may find some that don’t change at all. 


Also, Timbre control does not necessarily affect a timbral element of the 
sound (a sound’s general character), but the slider can be programmed 
to adjust pitch or vibrato for example. Most of the factory programs are 
set up to respond to the slider by changing brightness or some other 
timbral quality, but this is not the only use for the Timbre modulation 
source as we'll see in Section 4. 


The Timbre Page here doesn’t change the element of sound that the slider 


will adjust, it just allows you to set the slider to a pleasing value and then 
store this setting along with the rest of the preset parameters. 
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To use Timbre, simply adjust the values for each program. If you want 
to hear the changes you’re making more clearly, solo the program you’re 
working on by clicking once on the flashing underline programs and then 
underlining the program you want to hear by itself. 


Key Zone 


4. Press the [Key Zone] key and read page 3-4 in your owners 
manual. This parameter is explained fully in the manual along 
with a simple operation guide. Follow the steps given to 
experiment with various arrangements. 


The Key Zone range extends above and below the keyboard register of 
your synthesizer. This means you can set up a zone that is fully outside 
the range of the keyboard and therefore cannot be played from the VFX 
itself (the lowest key on the VFX is C2 and the highest is C7). There is 
a good reason for this. You can use zones outside the five octave 
boundary when you control the VFX from an external MIDI controller. 
There are MIDI keyboards which give you the full piano register and by 
transposing data on a sequencer, you can address even the highest and 
lowest notes in the MIDI range. 


Of course, a sound played as low, or as high as the range will go is of 
little use except for novel effect. But, you can place a high sound in a 
low register, that is, you can trigger a high sound with the low keys by 
using the Transpose Page. 


Transpose 


5. Press the [Transpose] key and read the material on page 3-5 of 
your manual. 


As mentioned in your manual, transposing a program will also send out 
edited pitch data to external slaves and they will be transposed as well. 
More on this in Chapter 7. 


@ Try transposing the programs in a preset so they form a chord 
when you play one key. 

e@ You can use Transpose to create a split where higher sounds are 
triggered by the low keys and lower sounds are triggered by the 
upper keys. This can be useful in performance where you hold a 
high string pad with your left hand and play a middle register lead 
line with your right. 


6. Press the [Release] key and read the related material on page 
3-6 of your manual. 
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This parameter is a useful way to simulate reverb space. as you may 
know, sounds in a large auditorium take longer to die out than the same 
sounds heard in a small room. By lengthening the release time on this 
page you can create a simple reverb effect and since each program is 
adjusted separately, you can specify which sounds in the preset appear 
to be in more open environments. 


It’s important that you note how this parameter is connected to the 
Envelope Release Time parameters in voice edit. Every voice has three 
envelope generators which shape the sound in various ways (see Chapter 
13). If the release time values for one or more of these envelopes are not 
set to an asterisk value (45*), then this parameter won't affect that voice. 
This can get pretty complicated since each program contains six voices 
and presets contain three programs (that’s 54 envelopes in one preset). 
BUT, you don’t have to worry too much about all this right now since 
most of the factory programs are set up to respond the Release Page 
values already. Just keep this parameter relationship in mind when 
you’re working with the voice edit functions and set the release times to 
asterisk values (***!), 
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Chapter 5 


Editing Presets - Stage 2 


Cr with our preset editing process, we come to three 
parameters that fit under a general heading called Track Control. 
One of these three is a parameter you’ve already worked with in Chapters 
2 and 3 - Patch Select. The other two are: 


Wi Pressure Control 
Mi Sustain Control 


All three parameters, Patch Select, Pressure and Sustain are found under 
the [Patch Select] key and the values for all three can be set separately 
for each program in a preset. 


Read in Your Ensoniq Owner’s Manual: 


3-6 thru 3-9 (up to "Using Effects with Performance Presets") - these pages 
tell you what each Track Control parameter does and how it works in a preset. 
Pay close attention to the difference between Key pressure and Channel pressure. 
Note that your VFX synthesizer can send and receive both types, but many other 
machines cannot. If a slave device is not equipped with Key pressure and you 
transmit this type from your keyboard, just keep in mind that the slave will respond 
with ordinary Channel pressure. 
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Pressure 

The Pressure Page is primarily used to select which programs in a preset 
will respond to pressure commands. It is also used to choose which type 
of pressure will be sent by the keyboard or received from an external 
MIDI control source. Use this page to tastefully choose what you'll hear 
when you use pressure. Keep in mind that many of the factory programs 
respond to pressure with a myriad of changes and three of these all going 
at once could be too much of a good thing. 


NOTE: 


As mentioned at the bottom of page 3-8 in your owner's manual, pressure 
messages can fill up sequencer memory very fast. Be aware that you’re sending 
pressure messages whenever you play the keys, even if you don’t consciously 


apply pressure. Even if your sequencer has a lot of RAM memory, you should get 
into the habit of turning pressure on only when you want to use it. Many sounds 
don't respond to pressure commands at all (such as most piano-type sounds for 
example), while others respond with interesting and colorful changes. Turn 
pressure to NONE when you're not using It. 


Effects Routing in a Performance Preset 


We'll start talking about the effects here as sort of an introduction to the 
many possibilities you have at your fingertips. The details involved in 
setting up new effects are covered in the next section, so we won’t talk 
about how to create any custom sounds. Here we'll see how you can use 
the effects that are already set up for you. 


As mentioned earlier in this book, each program has it’s own effects 
assignment. That’s why you hear a reverb effect on some programs and 
a delay effect on others. Well, in a preset, all three programs share the 
same effect - there’s one effect setting for all three, not three separate 
effects mixed together. Your synthesizer can only produce one effect at 
once, so when three programs are combined into a preset, they must share 
a common effect setting. 


The effect assigned to the preset, is the same effect already assigned to 
the program that you choose as the PRIMARY PROGRAM. You don’t create 
a new effect for the preset, you just select one of the three programs in 
the combination as the Primary Program and its effect becomes the 
preset’s effect. We've already discussed the concept a bit in this section, 
so this should be a bit of a review for you. 
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To select one of the three programs as the Primary Program, just call up 
any of the Performance pages (press any of the keys in the Performance 
section on the front panel of your synth) and then use the soft keys to 
select one of the programs listed with a solid underline. If the program 
you pick has a flashing underline already, you have to press its soft key 
twice (slowly - not a double-click). 


After picking the Primary Program and thereby selecting the effect to be 
used by the preset, you can choose one of six modes for each of the three 
programs to be assigned to. These modes determine whether the selected 
program will use the preset effect, or not. 


Read in Your Ensoniq Owner’s Manual: 


3-9 Using Effects with Performance Presets 


4-7 Performance Control of Effects in Preset (or Sequencer) Mode 


After reading the pages recommended above, let me clarify the six mode 
values: 


DRY 


All six voices in the program are stripped of the preset effect. You don’t 
hear the program being processed by the preset effect at all. 


FX1 


Some voices in a program can be assigned to FX1 and others can be 
assigned to FX2 to provide a variety of effect processing within each 
program (this is done in voice edit, see Sections 3 and 4). If you select 
the FX1 parameter value, all the voices assigned to FX2 are assigned to 
FX1, giving greater emphasis to the FX1 sound. How FX1 and FX2 differ 
is a factor of effects editing in program edit. We'll look at how to set up 
FX1 and FX2 in Section 3, but you don’t need to know how to set up a 
custom effect to hear the differences in sound when you choose the FX1 
parameter here. Just use your ears and let them decide what you like 
best. 


FX2 


All the voices assigned to FX1 in a program are forced to FX2, giving 
greater emphasis to the FX2 sound. 


VOICE 


The program uses its normal FX1/FX2 voice setting. You hear the 
program processed by the preset effect in it’s normal mode. 
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CNTRL 

This is the same as the VOICE setting except the effect sound can be 
adjusted by one of the controllers assigned to the Primary Program effect. 
This means that, if the Primary Program has an effect setting that can be 
changed using one of the controllers such as the mod wheel, pedal, data 
entry slider etc, then the selected program will also follow these changes 
when set to CNTRL. If you set the program to VOICE, the controller 
changes are not made. 


AUX 

This sends the program to the AUX outputs, bypassing the effect com- 
pletely. If you connect the AUX outs to a mixing board, you can process 
these sounds separately with external effects devices. 


Mixing Board 


VFX i i —= TULLE LLL LLL 


DTT AIA ALIAS IAL dbs 


*Programs sent thru Aux Outputs can be controlled 
separately with a mixing board. 


Here’s a simple exercise to show you how these effects settings work: 
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11. 


Begin by running through your programs and find one that uses 
a delay effect. On the VFX-SD Arctic-Elate is a good choice. 


Find two others that use just a reverb effect (no obvious delay). 


Go back and pick your delayed program and then layer the other 
two ion top of it by double clicking the layered programs. 


Now press [Effects] in the Performance section on the front 
panel. 


You should see all three programs on the screen and the 
program with the delay setting should be the Primary Program 
in the preset. 


All three programs should be set to CNTRL right now and when 
you play, you'll no doubt hear a lot of delay effect since all three 
are being affected. 


Set all three to DRY and you won’t hear any effect. 


Now set the Primary Program to CNTRL and leave the other 
two on DRY. This can be a nice setting because just a portion 
of the layered sound is hanging over with the delay. 


Now, press [Volume] and set the Primary Program and one 
other to 00, leaving one of the secondary programs at full 
volume (99). You should only hear the program left at 99 now. 


Press [Effects] again and adjust the value of the program you 
can still hear. Listen to the way the sound changes with each 
setting (you will hear no difference between VOICE and CNTRL 
right now). 


Pull the other two programs up in the mix again (adjust 


Volume) and play around with the combined sound. You can 
save settings you like to a Preset location (see above). 
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Chapter 6 


How to Create a New 
Preset/General Process 


Ni ow that we’ve examined the various choices you have when building 
a preset combination, let’s look at the general process you should 
follow. 


We won't discuss details here. If there is an element you don’t under- 
stand, consult the previous two chapters for information. We’ll just 
follow a recommended pathway from start to finish 


Picking the Sounds 


1. Start by running through the programs you have in RAM and 
ROM to select three programs you’d like to combine. 
Remember the combination can be a layer, a split, or both. 


2. After choosing three programs, call up the one you’d like to use 
as the Primary Program. Remember, the sole purpose of the 
Primary Program is to lend its effects setting to the preset, so 
pick the one which has the effect you'd like to use for all three 
programs in the combination. 
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3. Next call up the other two programs by double-clicking their 
[Soft Keys]. 


4. Now you should have a three program layer. 


From here you can create a variety of combinations 


Splits 


1. Tocreate asplit, press [Key Zone] and adjust the top and bottom 
note boundaries. Remember that middle C = C4, the lowest 
key on your synth keyboard is C2 and the top note is C7. 


Note: 


Keep In mind that you have the option to overlap zones, so the middle of the 
keyboard can be a layer while the outer ends can trigger a single program. 


2. Press [Transpose] and adjust the register of your programs. If 
you want the lower half of the keyboard to sound above the 
upper half, you can do this with the Transpose Page. 


3. Press [Pan]. You'd may like to adjust the pan settings so the 
lower half of the keyboard is heard on t he left side in stereo 
and the upper half is heard on the right side. Remember that 
+50 = center, 00 = hard left and +99 = hard right. 


Layers 


1. You don’t have to adjust the Key Zone page unless you want to 
split up the layer, so one program covers the whole keyboard, 
another is on the bottom and another is on the top: 


Sage et 


Piano 
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2. To create the example above - press [Key Zone]. Leave the 
program you want to span all the notes at the current value 
(AO-C8), set another to the lower half (A0-C4) and the third to 
the upper half (C4+-C8). 


3. If you’d like to create a pitch interval within the layer, press 
[Transpose] and set the programs to any interval or chord you 
like. 


4. Press [Pan] and try some different settings. You may find that 
VOI is the best for all three, but try out some others just to hear 
them. You want to create space within the combination, so it 
doesn’t sound like all the timbres are coming from one position. 
Transparency is the goal. 


General 


1. Create a pleasing balance between the programs by adjusting 
the Volume Page values. 


2. Adjust the [Release] values as you like. 
3. Work with the Effects Page values. Find a setting that’s not to 


crowded. Again, transparency is what you're after, so assign 
the effect with good taste. 


Note: 


You can assign the Primary Program to a DRY setting and still use It’s effect on 
the other programs in the preset. 


4. Finally, play with the Patch Select Page parameters. You may 
find a new combination, you weren’t even planning on by 
calling up different patches inside the programs. 


5. After you’ve gotten what you want, save the preset to one of 
the 10 locations (see 2-8 in your owner’s manual). 
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Chapter 7 


MIDI Control 


TT chapter discusses how to use your VFX/VFX-SD in a MIDI network 
as both a controller, triggering external slaves and also as a slave. 


The owner’s manual covers all the bases with regard to MIDI in one place 
or another, but not in one easy to find section. So you can use this chapter 
as a comprehensive source of reference when you want to use the 
VFX/VFX-SD in a MIDI network. 


We'll start off by using the synth as a controller. 
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Using the VFX/VFX-SD as a Master Controller 


Hook up your slaves like this: 


Slave 1 


Slave 2 


Slave 3 


Two Ways to Send MIDI Messages 


Your keyboard offers two ways to send MIDI messages to a slave: 


@ One channel only 


@ A separate channel for each track in a preset (or in the sequencer). Up to 
three different channels in a preset and up to 12 in the sequencer. 


Make this choice on the MIDI Control Page: 


1. Press [MIDI Control] and take a look at the Send-Chan 
parameter in the upper right corner. There are two values: 


e@ BASE - This value assigns the keyboard to the Base channel (also 
set on this page). If you call up a preset, you'll hear three different 
programs from the VFX, but you'll be transmitting just one 
channel (the Base-Chan) from the keyboard. Use this Send-Chan 
value when you want to send just the Base channel from the 
keyboard and at the same time, allow the programs in a preset to 
respond to external control on different channels (more on this 
later). 
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e@ TRACK - By selecting this Send-Chan value, you can define a 
different transmit channel for each program in a preset and these 
assignments can change from preset to preset. The channel 
assignments are made on the MIDI pages in Performance Control. 
The keyboard transmits the assigned channels for each track and 
when you play individual programs instead of presets, the key- 
board transmits the BASE Channel. 


Setting the Transmit Channel 


1. Set the Base Channel on the MIDI Control page. This is the 
channel that is always transmitted when you play individual 
programs (and not presets), regardless of which Send-Chan 
value you choose. If you selected BASE as the Send-Chan value, 
the channel you pick is transmitted when you play both 
individual programs and presets. 


Global Base Channel 


Base = 02 Send - Chan = Base 


Mode = OMNI XPOS = ON XCTRL = 10 


2. If you select TRACK as your Send-Chan value, then you can 
assign a different channel to each track in a preset (or 
sequence). Call up the MIDI page in Performance Control 
(press [MIDI] in the Performance section on the front panel of 
your synthesizer). There are three separate pages in the MIDI 
menu which can be accessed by repeatedly pressing [MIDI]. 


Read in Your Ensoniq Owner’s Manual: 


3-10 thru 3-11 - pay close attention to the Status parameter. You have four 
choices, each one a little different. 


After reading the above material, you may have some questions as to how 
the Status Modes can be used in practice. 
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Use BOTH 

When you want to layer VFX programs with external slaves. You can 
achieve a very rich sound by combining the sound of your VFX with 
another synthesizer or sampler. When you set a track’s Status to BOTH, 
the VFX keyboard triggers the internal program and sends out MIDI 
commands on the selected channel (see below) to connected slaves. 


Use LOCAL 

When you want to trigger the internal programs but NOT an external 
slave. You can choose NOT to layer a program with an external slave 
using the LOCAL value. If you set other tracks in the preset to BOTH, 
some of the programs will be layered with slaves and others will not. 


Use MIDI 


When you want to control external slaves from the keyboard, but DO 
NOT want to trigger the internal program. This can be useful when a 
sequencer is playing the internal programs and you want to play along 
with the song using a slave for live performance. As mentioned in your 
owner’s manual, this value is the same as Local OFF on many other 
keyboards. Local OFF is very useful when you’re using the VFX as a 
master in a sequencing network. If you set all tracks to MIDI, you will 
only be able to access the internal sounds by plugging the synthesizer 
into the MIDI network and sending the VFX sound device a MIDI 
command. This forces the VFX sound device to behave just like any other 
external slave in your system: 


\i—- 1; 
vce aie sive 


*With Local OFF (*MIDI*) the VFX sound device 
becomes an external slave to the keyboard 
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Use *EXT* 

When you want to send messages from the keyboard, but DO NOT want 
to trigger the program with the VFX keyboard, or with an external 
controller. This value blocks the track from being played at all. Use this 
value when you want to mute the track. 


3. Set the MIDI transmit/receive channel by pressing [MIDI] until 
you see the CHAN display. The assignment you make for each 
track defines the channel you transmit from the keyboard (when 
the Status is set to BOTH, MIDI, *EXT*) and the channel 
received by that track (when Status is set to BOTH, LOCAL and 
MIDI). 


Transposing Over MIDI 


When you transpose a track in a preset, you can choose to send the new 
pitches over MIDI, or not to send them. If you don’t send them, the slaves 
respond to the keys you’re actually playing and NOT to the transposed 
pitches. 


You make the choice to send transposed pitches on the MIDI Control 
Page: 


1. Press the [MIDI Control] key twice and set the XPOS value to : 


W@ ON - the transposed pitches are sent over MIDI to the slaves. 
Mi OFF - the transposed pitches are not sent. 


Transmitting Controller Messages 


The controllers on the VFX keyboard can be used to trigger various 
responses on the slave devices. 


IMPORTANT NOTE: 


The controllers (mod wheel, pitch bender, data slider and the pedals) are trans- 
mitted from the VFX on all three track channels in a preset REGARDLESS of the 
Key Zone. This means, if you're playing a split combination and play a note in the 
upper half of the keyboard, moving the mod wheel transmits a MIDI mod wheel 
command on ALL THREE track channels - the upper and lower tracks in the 
preset. 


57 


Here’s how the various controllers work in a MIDI network: 


MOD WHEEL 

The mod wheel always sends control change #1. This generally triggers 
a vibrato response on a slave. Inside the VFX, the mod wheel can trigger 
many different responses, as you discovered in the Section 1. 


PITCH BENDER 
The pitch bend wheel always sends pitch bend commands. The of pitch 
change that you hear is determined in each external slave individually 


(just as you can set the pitch bend range separately for every program in 
the VFX). 


FOOT SWITCH 

When you plug a single switch pedal (like the one that came with your 
synth) into the Ft.Sw jack, it can send different messages depending on 
the FS2 value on the Master Page. When the FS2 value = SUSTAIN, the 
pedal sends Sustain Pedal commands. When the FS2 value = PATCH R 
(meaning, it can be used in place of the right [Patch Select] key), the 
pedal sends controller #70. This is a special controller number used 
infrequently in other sound devices. Other VFX’s will respond to this 
command by changing patches while other sound devices may not 
respond at all (check their Implementation Charts). 


CV PEDAL 


When you plug an optional CV pedal into the Pedal CV jack, the CV PEDAL 
setting on the Master Page determines what MIDI messages are sent. 
When CV PEDAL = VOL, the pedal transmits control change #7 (MIDI 
volume). When CV PEDAL = MOD, the pedal transmits control change 
#4, The response to control change #4 is determined inside the in- 
dividual slaves (it’s programmable), so you can set up a variety of 
different responses depending on the capabilities of your slaves (check 
their Implementation Charts). 


DATA ENTRY SLIDER 


The slider can be used a modulation source called TIMBRE. When you 
assign the SLIDER to TIMBRE on the Master Page, the slider sends control 
change #71. The response to this control is also programmable and 
depends on the capabilities of the slaves in your set up. If another VFX 
is slaved, it responds to TIMBRE modulation which is programmable from 
voice to voice and program to program. 


Again, remember that each of the controllers listed above 
transmits commands on ALL CHANNELS IN A PRESET, 
when you select TRACK as the Send-Chan (MIDI Page). 


You can filter controller commands going out and coming in on the MIDI 
Control Page: 
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2. Press [MIDI Control] key twice and set CONTROLLERS to ON 
when you want to send and receive controller data. Set the 
value to OFF to filter all mod wheel, pitch bend, pedal and slider 
control. Velocity and Pressure are not affected by this 
parameter. 


Program Changes 


You can transmit program changes from the front panel in two ways. 
First you can just call up programs and presets and second, you can select 
program change numbers from the MIDI Page in Performance Control. 
Either way, the PROG CH parameter must be set to ON for program 
change commands to sent or received by the VFX. 


To Transmit Program Changes: 


1. First press the [MIDI Control] key twice and set the PROG CH 
parameter to ON. 


2. Now when you call up programs, the VFX transmits individual 
MIDI program changes to your slaves, starting with program 
change #01 (Bank 0/Upper Left program). When you call up 
presets, the VFX sends individual program changes for each 
track. The program changes numbers sent from each track are 
programmable and stored as part of the preset. 


Read in Your Ensoniq Owner’s Manual: 


3-12 - this explains how to set a program change command from the MIDI Page 
in Performance Control. 


To filter program changes: 

3. Press [MIDI Control] twice and set the PROG CH parameter to 
OFF. Program change commands are filtered going out and 
coming in. 

IMPORTANT NOTE: 


The VFX-SD allows you to set up 12 channel controller templates in sequence 


memory. These templates can be used to call up programs and set volume levels 
on your slave devices in a single key press. They can also be used to arrange 12 
channel multitimbral combinations that can be called up as easily as you call up 
a single program. We examine this capability in the next segment of this chapter. 
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Using the VFX/VFX-SD as a Slave 


Hook up your synth like this: 


~ 8 


NTT AMAT AL 


Sequencer 


in 
eminem 


Master Controlier 


Slave 2 


Five Ways to Receive MIDI 


Your synthesizer gives you five different ways to receive incoming MIDI 
data. You decide on one receive mode which is set on the MIDI Control 
Page: 


1. Press [MIDI Control] and use the MODE parameter to define 
how the synth will receive MIDI commands: 
Read in Your Ensoniq Owner’s Manual: 


6-7 thru 6-8 up to Sys-EX (VFX-SD), 6-6 thru 6-7 (VFX) - this material explains 


the different receive modes. If you're not using a guitar controller, you only need 
to concern yourself with two of them - MULTI (for using the VFX as a multitimbral 
sound device) and POLY when using it as a single sound (monotimbral) device. 
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Most commonly, you'll use the VFX as a multitimbral sound device, 
assigning each track in a preset (or a sequence) to a different channel. 
This way the synth can produce more than one sound at a time when 
being controlled by an external MIDI controller. Since this is true, keep 
the MODE parameter set to MULTI for most uses. 


If you're using a guitar controller, the VFX affords you some special 
choices. Read pages 6-7 thru 6-8 in your manual carefully. 


Set the Receive Channel 

If you're using the VFX as a monotimbral device: MODE = POLY (plays only 
one sound at a time), then the synth receives MIDI messages on the BASE 
CHANNEL. 


If you’re using the VFX as a multitimbral device: MODE = MULTI, the synth 
receives MIDI messages as you assign them on the MIDI Page in Perfor- 
mance Control. 


Setting the receive channels in a preset, multi (VFX) or sequence (VFX- 
SD) is the same as setting the transmit channels. See Setting the Transmit 
Channel above. 


Controller Response 
The VFX can respond to more than just mod wheel, pitch bend, slider and 


pedal control from an external MIDI Master. If your master keyboard has 
a breath controller, or if you can assign specific control change numbers 
to its wheels, sliders and pedals, then you can use these to make sound 
adjustments inside the VFX through MIDI. 


One of the modulation sources listed on page 8-4 in your owner’s manual 
is XCTRL. All of the sources on the list can be used to perform expressive 
changes to the sound of a program. Most of the sources are actually on 
the VFX itself such as the mod wheel, slider etc, but XCTRL is a source 
addressable through MIDI only. We'll talk in depth about the modulation 
sources and how to use them in Section 4. 


Receiving Program Changes 
The VFX receives program changes from an external control in a unique 
way: 


Read in Your Ensoniq Owner’s Manual: 


6-8 (VFX)/6-9 (VFX-SD) - this explains how your synth responds to external 
program changes. 
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Setting Up a Multitimbral Combination 

The VFX and VFX-SD are both 12 channel multitimbral sound devices, 
which means they can respond to 12 different MIDI channels and produce 
12 sounds (programs) at once. This gives you a tremendous range of 
variety when triggering them from a MIDI keyboard or guitar controller, 
but the full capability of these machines is realized when controlling them 
from a sequencer. 


Both the VFX and VFX-SD can respond to a sequencer by producing up 
to twelve separate parts of a MIDI recording. The sequencer built onto 
the VFX-SD demonstrates this ability in a dynamic way, but the VFX is 
equally capable when controlled by an outboard sequencer such as a 
computer. Both machines respond to an external sequencer in the same 
manner, the only difference between the two in terms of proficiency as 
a multitimbral sound device is the VFX allows you to save one twelve 
channel combination (called a Multi) and the VFX-SD let’s you save up 
to 60 (these are called Sequences). 


Since you’ve just read all about presets and their Performance Control 
parameters, you already know how to set up a 12 channel multitimbral 
combination! It’s exactly the same except where there were only three 
tracks in a preset, there are twelve in a multi. The Volume, Pan, Timbre, 
Key Zone, Transpose, Release, MIDI and Effects parameters all apply the 
very same way. You just have a few more programs to work with now. 


Pll run you through a quick set up procedure and refer you back to earlier 
chapters in this section for review information about the various Perfor- 
mance Control parameters. 


For VFX Owners 

You can store one multitimbral setup in the memory of your machine. 
This is called a multi and is divided into two parts - Multi A and Multi B. 
Each half contains six tracks and each track can be assigned one program. 
The tracks are all separate when it comes to the Performance Control 
parameters mentioned above, so you can make fine adjustments to the 
individual programs in the multi combination. The only difference 
between a preset and a multi besides the number of tracks, is the way 
you set up the effect shared by the combination. You do not pick a 
Primary Program, but set up the effect from scratch (see Multitimbral 
Effects below). 


Read in Your Ensoniq Owner’s Manual: 


5-1 thru 5-6 
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NOTE: 


You can use the multi to create a large performance preset. After you've collected 
the programs you want to use, just double click on all the tracks you want to 
trigger from the keyboard. In this way you can actually play up to twelve sounds 
at once from the VFX keyboard. 


For VFX-SD Owner’s/Multitimbral Templates 


As mentioned above, the sequencer memory can be used to store MIDI 
templates where multitimbral combinations and complex output settings 
can be called up as easily as selecting a single program. The important 
thing to remember about these 12 channel arrangements is, they are no 
different from presets in terms of the Performance Control parameters - 
Volume, Pan, Timbre etc. The parameter values on these pages are 
exactly the same as those you worked with in the presets and they affect 
the tracks the same way. The only difference being, that there are now 
twelve tracks instead of three. 


The exception to this is in the effects (see Multitimbral Effects below). 


Since there are 60 sequence locations in the internal memory, you can 
save up to 60 different templates. Of course, you'll probably use many 
of the sequence locations for your MIDI recordings, but there should be 
plenty left over for some performance templates too. And the templates 
don’t require any of the sequencer note memory, so you can create as 
many as you like without depleting the valuable recording memory inside 
the sequencer. 


Read in Your Ensoniq Owners Manual: 


13-2 thru 13-7 


NOTE: 


You can use sequence templates to create 12 channel performance presets. After 
you've collected the programs you want into a sequence, just double click on all 
the tracks you want to trigger from the keyboard. In this way you can actually 
play up to twelve sounds at once from the keyboard. 
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VFX & VFX-SD/Multitimbral Effects 

Like the presets, the tracks in a VFX multi and in each VFX-SD sequence 
share one common effect setting for all. This means all 12 programs in 
a combination are affected by the same effect. You can still choose to set 
each track to one of the five effects modes: DRY, FX1, FX2, VOICE, 
CNTRL and AUX, so you can decide which of the programs are heard 
through the effect and which are not. 


With regard to these elements, the presets and the multitimbral combina- 
tions are the same, but where they differ is how you select the effect which 
is used by the combination. 


In a preset, you select the effect used by all three tracks by choosing a 
Primary Program. No so with a multi or a sequence. For these combina- 
tions, you must set up a custom effect from scratch which means a 
thorough study of Section 3 here in this book is in order. There is 
however a simple way to copy an effect used by a preset or a single 
program into the multi or a sequence. Just follow the steps below: 


1. Press [Sounds] and call up the program you want to borrow the 
effect from. 


2. Press [Effect] in the Programming Section on the front panel 
(not the Performance Control section). 


3. Press [Copy] and then select Make Copy from the display. 


4. Call up the multi (VFX), or the sequence (VFX-SD) you want to 
copy the effect to. 


5. Press [Effect] in the Performance Control section on the front 
panel. 


6. Press [Copy] and select Recall from the display. 


7. Press [Copy] a final time and you’re returned to the Effect Page. 
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Section Summary 


Summary 


Hi we've looked at many ways to use the VFX and VFX-SD in 
performance. We’ve worked with four levels of sound in this section 
- the patch, the program, the preset and the multitimbral combina- 
tion/multi (on the VFX) and the sequence (on the VFX-SD). 


Now we'll go on and examine one element of the program, preset and 
multitimbral arrangement - the Effects. 
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Section 3 


Effects 


Processing effects have played a major role in the recording process 
for many years. Today they are so important to the sound of a 
recording or even a live performance, that it’s impossible imagine music 
without them. Listen to any current pop recording and try to imagine 
what it would sound like without any reverb or delay. Many a singer is 
made palatable by a bank of well designed processing effects. 


Commonly, effects are used to enhance a sound in some way - reverbs 
and delays simulate space, chorus and flanger units add an electronic 
sweeping and equalizers (EQs) boost or cut certain frequencies. You can 
use them as subtle embellishments, or as prominent elements of a sound. 


Today, more and more keyboards and sound devices are being built with 
effects processing right on board. This gives you two distinct advantages. 
First, you don’t have to run out and buy an additional piece of hardware 
to the tune of $300 or more and second and most importantly, you can 
save a list of different effects (often one for every patch) in the internal 
memory of the machine. On the VFX and VFX-SD, you can store a 
different effects setting with each program, so when you call up your 
Huge Gong program, the cathedral reverb you set up for comes up too. 
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In this section we'll examine what makes the effects tick and then 
experiment with their settings. I'll give you a few example set ups to get 
you started which you can try out on some of your own programs. 
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Chapter 8 


Getting Started 


ype chapter describes the general operation of the effects processor 
and how sounds are directed to it. 


22 Different Effects 


There are 22 different effects that the processor can produce. You can 
only select one effect at a time (one effect type per program/preset), but 
you can change from one effect to another from program to program. 
Some of the effect types are single effects and some are combined (two 
or three single effects at once). You cannot create a new effect type by 
combining two new single effects, but you do have a lot of control over 
the sound parameters in each effect type. 


Let’s start off by listening to the effects and hearing how they differ from 
on another: 


1. Call up asimple brass sound. Don’t pick anything too complex 
sounding, the simpler the sound the better for this exercise. 
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2. Press [Select Voice] and solo one voice, so it’s all you hear. Do 
this by double-clicking on its soft key. You'll see asterisks on 
either side of the voice name when you do: 


Selected Voice 


Selv *Big Blast* <OrchHit> < Orch Hit > 


<Big Blast> < Orch Hit > < Orch Hit > 


3. Press [Output] twice and you'll see this display: 


Output Destination Bus = Fx1 


Pan = 50 MODSRC = LFO MODAMNT = +00 


4. Makesure that the DESTINATION BUS parameter is set to FX1. 
If not, set to FX1. 


5. Press [Effects] in the Programming section on the front panel. 


6. Nowtakealookat the list of effects on page 4-5 in your owner’s 
manual. The effect type is shown on the top line of the current 
display. Pull the value slider all the way down and you set the 


type to the fist one on the list in your manual - LARGE.HALL. 
REV. 


7. Play and listen. Use the [Value] keys to select the next effect 
on the list. Play and listen to the remaining types on the list. 
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Bear in mind that there is just one effects processor, with 22 effect types 
to choose from. Each effect type has its own set of parameters which can 
be used to change the sound of the effect. We'll be working with these 
parameters in the following chapters, but first we need to look at how 
the processor is applied to sounds in the synthesizer. 


Effect Bussing 


Read in Your Ensoniq Owner’s Manual: 


4-1 thru 4-2 - these pages tell you how the effects are applied to : Voices, 
Programs, Presets, Multi (VFX), Sequences and Songs (VFX-SD). 


4-3 thru 4-5 - this material tells you how the effects are bussed or directed ina 
preset or a multi/sequence. 


The material on page 4-4 can be confusing, so let me explain. 


First, know that just one effect setting is saved with each program, but 
the six voices within the program can be routed differently through the 
effects processor. As explained on page 4-4, you have two effects busses 
FX1 and FX2. Think of these as doorways through which a voice can 
pass to the effects processor: 


PROCESSOR 


*A voice is sent through Fx1 or Fx2. It cannot be sent through both. 


Mi When you're working with a single effect such as LARGE HALL REVERB, or 
8 VOICE CHORUS, both FX1 and FX2 lead to the same place, they buss the 
voices to the single effect. When you're working with a combined effect like 
CHORUS+REVERB.1, FX1 leads to the first effect (the chorus) and FX2 
leads to the second (the reverb). 
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You can route voices in a program through FX1, FX2, DRY (no effect) or 
AUX (sends the voice through the AUX outputs). If you choose to route 
the voice through FX1, you can set the amount of effect you hear with 
the FX1 MIX parameter: 


9. Call up a piano program on the VFX. 
10. Press [Voice Select] and solo one of the six voices by double 


clicking on its soft key. You should see asterisks on each side 
of the voice name on the display. 


11. Press [Effect] and select LARGE HALL REVERB as the effect 
type: 


Effect Large Hall Reverb Decay - Time = 80 


Reverb Mix Fx1 = 50 Fx2 = 25 


12. Adjust the FX1 MIX parameter and you'll hear the effect volume 
grow and diminish. 


If you choose to route the voice through FX2, you can use the FX2 MIX 
parameter to set the level of the effect for that voice (FX2 MIX is next to 
FX1 MIX on the current display). This gives you two effect mixes, one for 
the voices bussed to FX1 and another for voices bussed to FX2. This is 
exactly how the machine works when the FX2-MODE is set to NOR- 
MAL.STEREO SEND: 


13. Press [Effect] twice more and the FX2 MODE parameter appears 
on the top line of the display: 


Reverb FX2 - MODE - Normal - Stereo - Send 


Reverb HF - Damping = 40 
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14. There are two values for this parameter as described on page 
4-4 in your manual. If you set the value to 
LEFT.WET/RIGHT.DRY, you can adjust the effect level with a 
modulation source, such as the mod wheel, pressure, the slider 
etc. This works by re-directing the pan position function to FX2 
effect level. 


15. Set the FX2 MODE to LEFT.WET/RIGHT.DRY and then press 
[Output] twice. This is where the voice effect buss and the pan 
position parameters are located. 


16. Set the DESTINATION BUS parameter to FX2 and the voice is 
routed to FX2. The level of the effect is now determined by the 
modulation source selected for pan (the MODSRC parameters 
on this page). 


17, Select TIMBR as the MODSRC. This gives control to the [Data 
Entry] slider. 


18. Now press the [Sounds] key. Play the keyboard and you'll hear 
just the one voice in the current program (remember, you soloed 
that voice earlier). When you pull the slider all the way down 
you'll hear the reverb effect at maximum volume. When you 
push it all the way up, you don’t hear any effect at all. You can 
control the balance of the effect to dry signal with the slider on 
the voice you hear. You can assign other voices in the program 
this way and use any of the modulation sources as control 
devices. 


General Procedure 


When you want to work with the effects processor, follow the general 
process listed below: 


1. Call up the program you want to edit. 


2. Press [Select Voice] and select the voice in the upper left corner. 
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3. Press [Output] twice and see how the selected voice is bussed 
(FX1, FX2, DRY or AUX). 


4. Adjust the voice bussing if you like. For instance, if you know 
ahead of time that you want half the voices to be more wet than 
the other half, than route half through FX1 and the other half 
through FX2. Of course you can always come back to the 
Output Page 2, and make these adjustments later as you see fit. 


5. Perform the previous two steps for all six voice in the program, 
so you know how they are all bussed through the processor. 


6. Press [Effects] and select the effect type you want to use. 


7. Adjust the FX1 and FX2 MIX parameters up to higher values, so 
you can hear the changes you make clearly. 


8. Work on the parameter values and then adjust the MIX 
parameters down to a pleasing level. 


9. Save the program to memory. 


Saving Effects to Memory 


A complete effects setting is saved to memory as part of a program, or 
multi(VFX)/sequence(VFX-SD). If you’re working with a program, see 
pages 7-9 through 7-10 in your owner's manual for information about 
saving a program to memory. 


If you’re working with a Multi on the VFX, the effects setting is saved 
automatically, if you’re working with a sequence on the VFX-SD, answer 
*YES* to the Save Changes prompt when you exit the sequencer or call 
up a new sequence. 
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Chapter 9 


Working With the 
Reverb Effects 


Wwe listening to a sound, the feeling of space, (or the impression 
that a sound is being heard in a particular environment) is the result 
of reverberation. As you probably know, sound doesn’t just emanate from 
its source and then stop somewhere out in the atmosphere. Sounds are 
reflected by all surfaces they come into contact with and then bounce off 
in a variety of directions depending on the shape of the surfaces and their 
material make-up etc. You hear this reflection and your ear is able to 
determine the general characteristics of the environment you're in and 
how far away the source of the sound is, even without seeing it. You can 
tell for instance that a sound is in a large gymnasium by the loudness of 
the reflections and how long they linger after the initial sound is heard. 
In asmall room, you still hear a subtle amount of reflection, but the effect 
is subdued. 


In the recording studio, you can simulate environments electronically 
with reverb and delay processors. By setting the parameters of these 
devices in a variety of ways, almost any environment, real or imagined 
is possible. Within the recording process, the importance of space cannot 
be stressed enough. All sounds need space to be heard as natural. Even 
completely alien, electronic sound effects need space to make them 
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pleasing and believable to the ear. And acoustic instrument sounds are 
even more dependent on the impression of space. 


The fascinating thing about working with space processors, is that you 
can choose where to put your sounds - in a concert hall or a living room, 
next to the grand canyon or on a martian mountaintop. With the VFX 
you can use the effects processor to travel any place you can think of 
without ever taking off your headphones. 


About Reverberation 


Reverberation is created when a sound is generated inside an enclosed 
space and the various surfaces inside the space reflect the sound. Much 
scientific study has been conducted on the subject of sound acoustics and 
the physical properties you can expect of sounds in enclosed spaces. This 
knowledge gives us the ability to design concert halls and recording 
studios according to specific sound characteristics. It’s also used to design 
the digital reverb processors used in studios to simulate these spaces. 


The Reverberation effect can be broken down into three parts. 


The Dry Signal 

This is the source sound, completely without any effects processing. 
Generally this sound is plain and flat sounding, like a sound inside a 
vacuum. 


Early Reflection 


This is the loudest portion of the reflected sound. It’s what you hear 
bounce back from the closest surfaces and so gives the reverberated sound 
its primary character. 


The Later Reflections 


The lingering resonance following the initial sound and its Early Reflec- 
tions, gives us the impression of the size of the enclosed space. The longer 
the resonance lingers the larger the room. 


These three elements are shown in the diagram on the next page: 
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2. Early Reflections 


3. Later Reflections 
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1. Dry Signal 


| <—_———————— —— ———_—__—. Reverb Time ———_» 


Pre-Delay Time 


Reverbs on the VFX 


There are 8 different reverb types on the VFX. Each one stresses a 
different element of the simulated reflection to create a another environ- 
ment. Although each are different in their own way, they all have the 
similar parameters to work with. 


Read in Your Ensoniq Owner’s Manual: 


4-8 thru 4-10 - all the parameters for the eight reverb effect types are discussed 
here. As the manual states, not all parameters are in every type. 


Creating That "LIVE" Sound 


EARLY-REFL.LEVEL 


The Early Reflection Level parameter sets the volume of early reflections. 
As this volume approaches the same level as the dry signal (the higher 
the value of this parameter), the more "live" the room becomes. A "live" 
room is one that has flat non-sound absorbing surfaces, such as bare wood 
walls as opposed to walls covered with a layer of carpet or acoustical tile. 
This parameter controls a very subtle effect that is only apparent when 
you listen to differences at the extreme value ranges. It’s also less 
apparent when the Reverb Time is set to a high value. 
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HF DAMPING 
This parameter controls the rate that the higher frequencies in the 
reverberated sound are damped, or decreased. The higher the value (00 
- 99), the faster the frequencies are cut off. When set to a lower value, 
the sound appears to be inside a "live" room where the bare surfaces 
reflect all the high end frequencies of the sound. At higher values, the 
high frequencies are decreased rapidly as they would be inside a room 
with "dead" surfaces (those that absorb sound, such as walls covered with 
carpet, foam rubber etc). 


Experiment 


Hands on experience is the best way to learn about how the parameters 
work, 


1. Call up a program with a percussive attack (a piano type sound 
is best for the effects experiments). 


2. Press [Select Voice] and solo one voice (double click on its soft 
key). 


3. Press [Output] twice and make sure that DESTINATION BUS 
= FX. 


4. Press [Effects] and select LARGE.HALL.REVERB. 


5. Play and right away you'll hear a sort of slapback sound. This 
is a natural effect heard in a large room, but you can control 
this element by adjusting the PRE-DELAY parameter. Press 
[Effect] again to turn the display page and adjust PRE-DELAY. 


6. Control the length of time it takes for the effect to decay to 
silence with DECAY-TIME, found on the first Effect Page. 
Balance of dry/effect is adjusted with FX1 MIX (and FX2 MIX 
for those voice routed through FX2 on the Output Page). 


7. You can control the amount of highs in the reverb decay with 
HF DAMPING found on the third Effects Page. Lower value 
allow more highs to pass, higher values cut out highs. 


8. Select SMALL.HALL.REV and experiment with the same group 
of parameters. You'll find that the results are the same. I didn’t 
hear any difference between LARGE and SMALL HALL reverb 
types 


9. Select CONCERT REVERB. This type has all of the parameters 
the first two types had and a few more. Two of them focus on 
the early reflection element of the sound. 
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10. Goto Effect Page 2 and adjust the DIFFUSION parameter to 00. 
At this value, the early reflections are heard as a series of echoes. 
Play and then adjust the value to 99. At the 00 value you should 
hear a more distinct echo while at 99 the echo is more of a wash. 
This is a very subtle effect. 


11. You also have an added TIME parameter which adjusts the time 
it takes for early reflections to reach your ears. Play around 
with PRE-DELAY and TIME together. Set the EARLY 
REFL.LEVEL up to a high value so you can distinguish between 
PRE DELAY and TIME values. You can set up a double slap back 
by setting the two parameters to contrasting values (PRE 
DELAY = 160/TIME = 60). 


12. Select Effect Page 3 and adjust the LF-DECAY. Negative values 
cut the low frequencies from the reverb and positive values 
boost it (00 = no change). This parameter does not affect the 
dry signal, only the reverb. 


13. Go to Effect Page 1 and select DYNAMIC REVERB. Dynamic 
Reverb and Dynamic Hall give you the ability to control reverb 
decay time with one of the modulation sources. 


14. Go to Effect Page 2 and set MODSRC to VELOCITY and 
DECAY-MOD to +99. This gives control of reverb decay to 
velocity - the harder you play, the longer the decay time gets. 
If you change the MODSRC to PITCHWHL, you increase decay 
time as you raise the pitch. 


Gated+Room Reverb 


Read in Your Ensoniq Owner’s Manual: 


4-12 thru 4-13 


Experiment 
1. Pick a drum program from RAM or ROM. 


2. Press [Select Voice] and choose a snare voice from the six on the 
display. Solo that voice (*RIM-SNARE*). 


3. Press [Output] twice and make sure the voice is routed 
DESTINATION BUS = FX1 
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Press [Effects] and select GATED=ROOM VERBS as the effect 
type. The parameter on this first page should be familiar to you. 
The only difference is voices assigned to FX1 are processed by 
the GATE REVERB only and those assigned to FX2 are processed 
by the ROOM REVERB only. 


Press [Effects] again to move to Page 2. Here you'll find the 
Gate parameters. 


Set TIME to 25 and THRESHOLD to 60, SLOPE to 50 and 
RELEASE TIME to 15. This is a classic gated sound so popular 
in pop and rap music today. 


By adjusting the THRESHOLD down you hear more of the 
reverb decay. THRESHOLD sets the volume level where the 
gate cuts the sound off. Higher values cut the decay off at a 
greater volume level and so you hear less of the reverb, the gate 
is quicker, 


TIME, SLOPE and RELEASE TIME adjust the movement of the 
decay. Lower TIME and RELEASE TIME value mean quicker 
movement. Lower SLOPE values mean a sharper reverb decay 
(so the decay reaches the THRESHOLD value sooner). 


PRE-DELAY allows you to add a delay effect to the gated reverb 
sound. 


Some Tricks 


Real Time Control of Effect Level 


1. 


1. 


If you want real time control of effect level, assign FX2 MODE 
to LEFT WET/RIGHT DRY. 


Go to the Output Page 2 and route the voices through FX2. 


Assign MODSRC to any controller you like and give MODAMT 
a high value. 


Real Time Control of Decay Time 


Select DYNAMIC REVERB, or DYNAMIC HALL as you effect 
type. 


Go to Effect Page 2 and assign the MODSRC to a controller and 
DECAY-MOD to a high value. 


Go to Output Page 2 and assign the voices you want to control 
to FX1. 
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Smooth Reverb 


1. Set PRE-DELAY to below 60 so you don’t hear the slap back. 


2. Set HF DAMPING to 25-50 and EARLY REFL LEVEL to 50 or 
below depending on your taste for sharp attack. 


3. For Concert Hall and Warm Chamber, DIFFUSION should be 
set 50-99 and TIME to match PRE-DELAY. 


Bright Reverb 


1. For a bright reverb sound, set HF DAMPING below 30. The 
lower you go the brighter the sound. 


2. Set EARLY REFL to around 50 and adjust PRE DELAY and TIME 
according to the slap back you want to hear (values above 40 
allow you hear the slap). 


Muted Reverb 
Use higher HF DAMPING values and lower EARLY REFL LEVEL. 


Delay Reverb 


By adjusting PRE DELAY and TIME, you can create an interesting delay 
effect the precedes the reverb chamber sound. Set PRE DELAY to a higher 
value than TIME and the first echo you hear is brighter than the second. 
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Chapter 10 


Working with the 
Chorus/Flanger Effects 


TT Chorus effect has been used for years to "fatten" up sounds that 
are characteristically thinner, such as piano and guitar. It is also used 
to create a bigger ensemble sound out of strings and brass. The effect is 
electronic, so if you’re after an acoustic sound, you must use chorus 
sparingly if at all. 


The Chorus effect works on two principles, time delay and pitch shift. The 
dry signal is delayed slightly and then the LFO raises and lowers the pitch 
of the delayed signal. As the pitch of the effect moves above and below 
the stable pitch of the dry signal, the Chorus effect is created. 


The characteristic sweeping sound of the chorus effect is produced by a 
Low Frequency Oscillator which, as explained above, raises and lowers 
the pitch according to the depth that you set. This is very similar to a 
vibrato effect. 


About the Chorus Effects 


There are just a few simple parameters in a chorus effect. 
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Read in Your Ensoniq Owner’s Manual: 


4-11 thru 4-12, up to Combined Effects 


Experiment 
1. Call up a simple brass program. 


2. Press [Select Voice] and solo one voice (double click on its soft 
key). 


3. Press [Output] twice and make sure that DESTINATION BUS 
= FX1. 


4. Press [Effects] and select 8 VOICE CHORUS.1 
5. Set FX1 MIX to 70 and then go to Effect Page 2. 


6. DEPTH and RATE go hand in hand. If you raise the rate (the 
speed of the sweeping effect), the DEPTH should be set lower, 
so as not to overdo the effect. If the RATE is slow, you need to 
increase DEPTH in order to hear the sweep. 


7. FEEDBACK produces an interesting electronic sound, almost 
like a resonance parameter ona synthesizer. If you increase the 
numerical value of FEEDBACK, either negative or positive away 
from 00, the greater the value the more electronic the sound 
becomes. 


8. DELAY increases the time between the dry signal and the effect. 
In a chorus, greater delay times tend to affect the sound 
adversely. Since a chorus is created by slightly delaying the dry 
signal and then sweeping the effect, too much delay destroys 
the sound. Work with short delay times, and keep in mind, the 
shorter the time, the cleaner the sound. 


9. Go back to Effect Page 1 and select 8 VOICE CHORUS.2. This 
is a variation of Chorus.1 which you can use to create 
chorus/delay effects. 


10. Go to Effects Page 2 and set DELAY to 100. Play and you'll hear 
a cleaner slap back than you heard on Chorus.1. If you adjust 
the FEEDBACK value away from 00, you'll hear more echo 
repeats. Setting FEEDBACK to +/-99 gives you a very long 
repeat. 
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11. Try setting FEEDBACK to +99, DEPTH to 80, RATE to 02 and 
DELAY to 100. This creates a sort of alien helicopter sound. 


12. Go back to Effects Page 1 and select CHORUS+REVERB.1. 


Stop here and read the next material. We’ll pick up the exercise 
from here shortly. 


Combined Chorus and Reverb 


Read in Your Ensoniq Owner’s Manual: 


4-14 thru 4-15, up to Flanger+Reverb.1 & 2 


Chorus+Reverb.1 & 2 both give you real time control of chorus RATE 
and DEPTH. As with all other modulation parameters, you can choose 
the controller that will adjust the changes (mod wheel, slider etc). Add 
to this, the real time control of the FX2 buss which allows you to adjust 
the reverb effect as you perform and you have quite an expressive set up. 


With a combined effect like this one, you have some new bussing options. 
Voices bussed to FX1 (on Output Page 2) are sent through both the chorus 
and the reverb. THe FX1 MIX parameter on Effects Page 1 controls the 
amount of chorus signal sent to the reverb (greater FX1 MIX values = 
more reverb). Voices bussed to FX2 are send directly to the reverb and 
the FX2 MIX parameter controls the balance of dry signal to effect for 
these voices. 


Bus (Output Page) 


Voice ————» oe 


Fxi Parameter 


Bus (Output Page) 


Voice —— [Fx2 }—— [Fevers | 
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The MIX parameter on Effects Page 2, controls the balance of dry signal 
to chorus effect for the FX1 voices: 


Bus 


Parameter 


Fx1 Parameter 


Now, let’s pick up the exercise where we left off: 


13. You should be on Effects Page 1 and the effect type should be 
CHORUS+REVERB.1. 


14. Set FX1 MIX to 00. Go to Effects Page 2 and set MIX to 50 (this 
balances the dry signal to chorus effect 50/50). 


15. Set RATE to 06 and DEPTH to 25 and DELAY to 000. Now 
you've got a basic simple chorus setting. 


16. Addsome modulation control by setting RATE MOD to +50 and 
DEPTH MOD to +50. 


17. Go to Effects Page 3 and assign the MODWHEEL to the 
MODSRC parameter. NOw play and adjust the mod wheel. The 
chorus rate and depth will increase. Assign PRESSURE as the 
MODSRC and try that out on the keyboard. 


18. Assign KEYBOARD as the MODSRC and then go back to Effects 
Page 2 and set RATE to 18 and RATE MOD to +20. Set DEPTH 
to 00 and DEPTH MOD to +08. 


19. Play low on the keyboard and you'll hear a slight chorus at a 
slow rate. Play higher and you hear the chorus effect get deeper 
and the rate increase. 


20. Now, set DEPTH to 50 (this will sound pretty weird but you 
need an exaggetated level). Move back to Effects Page 3 and 
set the WAVESHAPE to TRI. Play middle C and listen. Change 
WAVESHAPE back to SINE and play and listen. If you listen 
closely you'll hear that the sine wave is smooth sounding at the 
top and bottom of the sweep, just like a sine wave is shaped: 
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This is a Sine Wave 


21. Atriangle wave is pointed at the top and bottom and you'll hear 
the sweep take these abrupt turns: 


22. Since these two wave shapes are so alike, you have to have an 
exaggerated DEPTH to really hear the difference. Set 
WAVESHAPE back to sine and then go back to Effects Page 2. 


23. Set RATE back to 06, DEPTH back to 20 and DEPTH MOD to 
00. 


24. Go to Effects Page 1 and set FX1 MIX to 50. Now you've got 
chorus and reverb. 


25. Now, select FLANGER+REVERB.1 as your effect type and read 
on. 


Flanging 


Flanger and Chorus are close cousins. They both produce a similar 
sweeping effect through time delay and pitch modulation. The principle 
difference between the two effects is that the time delay is shorter on the 
Flanger which produces a more hollow sound. The Flanger effect is more 
noticeable and more electronic in nature than the Chorus. 


85 


Another difference between Chorus+Reverb.1 and Flanger+Reverb.1 is 
the addition of a Feedback parameter. This function sends the signal 
back through the flanger effect for a second pass, so in essence you’re 
flanging an already flanged signal. This produces the characteristic 
"swirling" quality which is a great special effect for most any sound. 


Read in Your Ensoniq Owner’s Manual: 


4-15 from FLANGER + REVERB.1 & 2 thru 4-18 up to DELAY + REVERB.1 & 2 


Like, the Chorus+Reverb effects discussed above, you have some new 
modulation parameters and bussing considerations. First, the 
parameters which can be adjusted with a controller are MIN and MAX, 
which sound like a vaudeville comedy team, but really determine the 
pitch boundaries for the flanger effect. The flanger sweeps the delayed 
pitch over a range of frequencies. You set the range with MIN and MAX 
and by applying a controller to these parameters, you can increase or 
decrease the range of sweep. 


The FX1 and FX2 bussing considerations are the same as for 
Chorus+Reverb. Voices bussed to FX1 (on Output Page 2) are sent 
through both the flanger and the reverb. THe FX1 MIX parameter on 
Effects Page 1 controls the amount of chorus signal sent to the reverb 
(greater FX1 MIX values = more reverb). Voices bussed to FX2 are send 
directly to the reverb and the FX2 MIX parameter controls the balance of 
dry signal to effect for these voices. 


The FLANGER MIX LEVEL parameter on Effects Page 3, controls the 
balance of dry signal to chorus effect for the FX1 voices. 


Experiment 


26. You should be on Effects Page 1 and the effect type should be 
FLANGER+REVERB.1. 


27. Set FX1 MIX to 00. 


28. Set RATE to 20 and MIN to 30 and MAX to 40. Play around 
with MIN and MAX and you'll soon discover that there is a sweet 
spot. If you get to low on MIN, you lose the effect altogether 
(the flanger is taking the pitch to low). If you set MAX lower 
than 30, the effect is not pronounced, but as you increase above 
30 the sweeping become more and more prominent. 
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29. 


30. 


31. 


32. 


33. 


Set MIN to 12 and MAX to 05 and you hear a very high 
frequency, metallic reverb effect. If you increase the RATE, the 
effect becomes even more fluttery. So, small ranges create one 
type of effect, larger ranges create another and very large ranges 
sort of neutralize it. 


Now, we’ll try the modulation function. Set RATE to 20, MIN 
to 30 and MAX to 40. Set MIN MOD to -20, MAX MOD to -35 
and MODSRC to VELOCITY. Velocity now shrinks the range. 


When you play soft you hear a normal flanger effect and when 
you play harder, you hear the metallic flutter created by the 
smaller range. 


Go to Effects Page 3 and adjust the FEEDBACK parameter. 
You'll hear a higher crisper sound with negative values and a 
fuller sound with positive values. 


Go to Effect Page 1 and add some reverb by increasing the FX1 
MIX level. 
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Chapter 11 


Working with the Delay 
Effects 


fi you’ve ever shouted into a canyon and heard the echo bounce off a 
cliff wall, then you’re familiar with the natural form of delay. Digital 
delay processors take this simple characteristic and expand on it by giving 
you control of repeat time (TIME), number of repeats you hear (REGEN) 
and dry/effect balance (MIX). 


The VFX gives you the delay effect as part of five different combined 
effects: 


Mi DELAY+REVERB.1 & 2; 
Mi FLANGE+DELAY+REVERB.1 & 2; 
Mi and DELAY+FLANGE+REVERB. 


In the Delay+Reverb combinations you have real time control of the 
delay time and the regenerations, so you can change the timing of the 
effect in performance. 


As with the other combination effects we’ve looked at in this section, 


voices bussed to FX1 can be processed by all effects in the combination 
while voices bussed to FX2 are processed by reverb only. 
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Delay+Reverb Effects 


The DELAY+REVERB.1 & 2 effects focus mainly on the delay parameters. 


Read in Your Ensoniq Owner’s Manual: 


4-18 from DELAY + REVERB thru 4-19 


As you can see, most of the parameters are devoted to the delay effect. 
You can adjust reverb with the FX1 and FX2 MIX parameters which define 
reverb balance, with the HF DAMPING parameter which controls the 
amount of high end frequencies you hear in the reverb decay and with 
DECAY TIME. 


Experiment 


1. Call up a program with a percussive attack. A piano sound is 
good. 


2. Press [Select Voice] and solo one of the six voices by 
double-clicking on its soft key (*SOLO VOICE*). 


3. Press [Output] twice and make sure the voice is bussed to FX1. 


4. Press [Effects] and call up DELAY+REVERB.1 as your effect 
type. 


5. Start by bringing FX1 MIX to 00, so you hear only the delay for 
now. 


6. Press [Effects] again to move to Effects Page 2. Set TIME to 200 
(200 milliseconds = 1/5 of a second). Set REGEN to 00 and 
both MOD parameters to 00. Set MIX to 25 for now. 


7. At this setting you hear the first repeat at 200 milliseconds and 
only one repeat because REGEN is set to 00. Raise the value of 
REGEN and you hear more repeats. Positive and negative 
values do not affect the sound differently (-75 produces the 
same sound as +75). 


8. Adjust the TIME parameter to change the time span between 
repeats. 


9. Now, set TIME back to 200 and REGEN to 00. Set REGEN MOD 
to +70 and go to Effects Page 3. 
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10. Set MODSRC to VELOCITY. Play soft and you hear fewer 
repeats. Play hard and you hear more. 


11. Set the MODSRC to KEYBOARD. Play lower keys and you hear 
fewer repeats, play upper keys and your more. Set MODSRC 
back to VELOCITY and then go back to Effects Page 2. 


12. Play and then set REGEN MOD to -70. YOu hear the same 
results as when it was set to +70 - so, negative values for this 
parameter are equal to their positive counterparts. 


13. Set TIME MOD to +70 and REGEN MOD to 00. Now play soft 
and you hear repeats at 200 ms. PLay harder and the delay time 
gets much longer. Set TIME MOD to -20 and the repeats get 
faster. 


14, Set REGEN MOD to +80. Play soft and you hear a single repeat 
at 200 ms. Play harder and you hear many repeats very fast. 


15. Set the MODSRC to the PITCHWHEEL, and increase 
regeneration as you raise the pitch. 


16. Adjust the MIX parameter on Effects Page 2. Values above 50 
decrease the dry signal until at the top (99), you hear only the 
effect. A Value of 50 means an equal balance between dry and 
effect. 


17. Go back to Effects Page 1 and add some reverb by increasing 
FX1 MIX. 


Flange+Delay+Reverb Effects 


There are three effects in this category, two place the flanger ahead of 
the delay in the chain and the third places the delay first. The sonic 
distinction between these two arrangements is important. If the delay 
follows the flanger, then the delay echoes the dry+flange combination. 
If you decrease the delay effect, you'll still hear the dry+flange sound. 
With this arrangement you hear the impression that the dry+flange 
signal is in a large space, echoing off the walls. 


When the flanger follows the delay, you're creating an effect not possible 
in nature - the echo is altered, but not the dry signal is not. It’s as if you 
yelled into a canyon and the echo came back sounding altered by a flange 
effect. 


Read in Your Ensoniq Owner’s Manual: 


4-20 
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In all three effect types, the delay/flange combination are processed by 
the reverb. Voices bussed through FX1 can be processed by all three 
effects, while voices bussed through FX2 are processed by the reverb 
alone. FX1 and FX2 MIX parameters on the Effects 1 Page set the balance 
of reverb heard. The MIX parameter on Effects Page 3 controls the 
delay+flange effect combination. This means you cannot separate the 
two and have more delay than flange effect for example. 


There is no room for real time control parameters here. 


Experiment 


You’ve worked with all the parameters available in these effects earlier 
in this section. Experiment with various combinations of these 
parameters to discover how they work. Ill get you started 


1. Call up a simple brass program. 


2. Press [Select Voice] and solo one of the six voices in the program 
(*Solo Voice*). 


3. Press [Output] twice and make sure that the voice is bussed 
through FX1. 


4. Press [Effects] and select FLANGE+DLY+REV.1 as your effect 
type. 


5. Pull out the reverb first by setting FX1 to 00. 


6. Goto Effects Page 2 and you'll recognize the flanger parameters 
- RATE, MIN and MAX and FEEDBACK. These perform just the 
same way they do in the previous flange effects. 


7. Goto Effects Page 3 and you'll find the delay parameters - TIME 
and REGEN. You'll also find the MIX parameter which sets the 
balance between the dry signal and the delay+flange 
combination. 


8. Listen to the differences between the three effects types. You 


may find that FLANGE+DLY+REV.1 is darker than the other 
two. DLY+FLANGE+REV.3 is the most electronic sounding of 
all. 
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Chapter 12 


Working with the Rotary 
Speaker Effects 


TT" Leslie rotating speaker is a fundamental element in the electric 
organ sound. It creates a predominant swirling effect that’s used for 
musical expression by the player. It works like this: 


There are two speakers in each Leslie cabinet, a high and a low speaker 
and each rotates at two speeds - slow and fast. The speed of rotation is 
controlled by the player with a foot pedal switch which is used to select 
the slow or fast speed. This is where the expressive element of the sound 
lies. At fast speeds, the rotating speaker gives the organ a powerful 
grinding sound that’s great for solos and accents. At slow speeds the 
organ is much more pensive and calm. The player can select between 
this two moods with the foot pedal. However, it doesn’t stop there. The 
speed of rotation doesn’t just jump right from slow to fast, or fast to slow. 
It speeds up and slows down gradually so the player can control rises and 
falls in mood as he or she sees fit. 


Another aspect of the Leslie speaker cabinet, is that the high and low 
speakers rotate at different speeds. Generally the high speaker rotates a 
little faster than the lower one which gives the organ a swirling effect 
instead of just a wah-wah type sound. This is only evident at slow speeds. 
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The only drawback to the Leslie is that is a big piece of equipment (a good 
100 pounds for the older models). This is why the acoustical effect of 
the rotating speakers has been simulated by several electronic products 
in the last ten years or so. 


The Roto Speaker effect on the VFX simulates the high and low speakers 
rotating at different speeds. You can set the stereo width of the rotation 
(left to right). You can balance the volume between high and low 
speakers and there is an overdrive option for the "dirty organ" sound made 
so popular by John Lord and others in the 1970’s. In addition, you can 
pick a modulation source as your speed trigger and speed changes are 
gradual, just like on a real Leslie. 


Read in Your Ensoniq Owner’s Manual: 


4-21 thru 4-22 


Experiment 


1. Call up the DRAWBARS-1 program (on the VFX this is in the 
ROM memory, on the VFX”~ it’s in RAM). 


2. This sound already has the ROTO effect on it. Play and use the 
mod wheel to engage the rotating speaker sound. You'll hear it 
speed up and slow down gradually. 


3. Press [Effects] and you'll see that this program uses the 
ROTO+DELAY effect. Adjust the DELAY parameter and you'll 
hear the echo. If you set the value to a low enough level, you 
won't hear the slap back, but the program does sound fatter. 
This is called doubling. Try it at 32. 


4. Press [Effects] again to move to Page 2. Here you have the speed 
settings. These define the speed boundaries for the HI ROTOR. 


5. Try turning the LO ROTOR to OFF. Listen and the swirling 
effect is gone now because all your hearing is one rotor at one 
speed. It’s the two different speeds of the hi and lo rotors that 
give that effect. 


6. Adjust the MODE to CONTIN. At this value you can control the 
speed with the mod wheel. Although this isn’t a natural effect 
on the Leslie, it-can be useful. 


7. Nowset MODE to TOGGLE. This value just switches between 


the slow and fast speeds, no gradual change from slow to fast. 
The most natural setting for MODE is SWITCH. 
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10. 


11. 


12. 


Press [Effects] again to move to Page 3. Feedback AMOUNT 
adjusts a flange feedback effect. This is a natural effect on the 
Leslie which gives a wispy characteristic to the sweep. At higher 
values Feedback can give a distortion effect to the sound. Set 
the value to +99 so you can hear it clearly and set LAG to 000. 
Play and listen, you'll hear feedback as part of the attack. Set 
LAG to 100 and your hear it come in almost like a delay sound. 
A natural setting is closer to 000. 


Adjust the STEREO WIDTH to hear how this narrows and 
widens the left/right spread of the speaker rotation in stereo. 
At 00, there is now right/left movement. At 99, you hear the 
greatest movement. 


Go back to Page 1 and select the DIRTY ROTO+DELAY. 


Move to Page 2 and set OVERDRIVE to 00 and listen as you 
increase the value. Be careful, OVERDRIVE also increases 
volume. Overdrive simulates the distorted speaker sound, 
popularized by rock groups like DEEP PURPLE, URIAH HEEP, 
ARGENT and others. 


Overdrive works hand in hand with Feedback AMOUNT. Set 
OVERDRIVE to 60 and move to Page 3 and set AMOUNT to -30. 
This intensifies the distortion effect and adds some high end 
frequencies. 
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Section Conclusion 


Summary 


TT VFX and VFX-SD are very well equipped with regard to the effects 
processor. You have a vast collection of parameters to work with, so 
you can expect to achieve quite a bit with the effects offered. As you’ve 
come to see, the processing effect can have as much to do with the way 
a program sounds as any other element. 


Spend some time experimenting with these effects, you may find some- 
thing new. Many of the standard effects settings used today were just 
stumbled upon by curious musicians as they experimented with an 
"unlikely" possibility. 
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Section 4 


Sound Making 


i the previous three sections, we’ve worked with sound editing in a 
broad sense. We've arranged voice combinations into patches, we’ve 
adjusted the performance parameters in a program, we've collected 
programs into split/layer combinations and we’ve examined the effects 
processor. All of this boils down to simply arranging sounds into various 
combinations and then adding some sweetening. 


We haven’t gotten down to the foundation level yet. We haven't actually 
changed any basic properties of the sounds we’ve been working with. 
We haven't looked at how the voices inside a program are constructed 
and what we can do to change them. 


Well, that’s what this final section of the book is all about. 


By soloing voices in the last section, you know that each one is a small 
finished sound in itself. The elements in a voice that make it sound the 
way it does are all adjustable. In fact each voice starts out sounding just 
like any other voice. It’s the values given to the voice parameters that 
make one voice sound different from another. 


So in the following chapters we'll work with the voice parameters and 
learn how to create sounds from the ground up. 
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The VFX and VFX-SD are identical with regard to voice editing, so I'll refer to both 
as the VFX in the following chapters. 
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Chapter 13 


Introduction to Sound 
Making 


Wr you listen to any instrument like a flute, violin or electric guitar, 
you hear a series of ingredients that work together to provide each 
instrument its own unique character. These elements, like the primary 
colors in the visual spectrum, are present in all we hear everyday - in the 
sounds of nature, machinery, your own voice and, of course, music. The 
fantastic variety of sounds stems from how these basic elements are 
mixed, just as a few simple colors on an artist’s palette can be mixed into 
a diverse rainbow of hues. 


The synthesizer offers the sound designer these basic elements to work 
with: the primary colors of sound, if you will. Some synthesizers are 
better equipped than others to create varied types of sounds, but all 
synthesizers are common in their approach to the task. 


A complete sound ts a combination of fundamental parameters which 
together form a finished timbre. 


The VFX, is one of the most modern and well equipped sound synthesizers 
on the market today. It’s capability is rooted in the basic technology of 
wavetable synthesis which combines authentic sounding PCM samples 
of instruments with the traditional synthesized waveforms. This com- 
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bination creates a hybrid sound, representative of both sampling and 
synthesis. 


Let’s look at how a voice is constructed and how the tools you’re given 
on the synthesizer apply to the basic properties of all sounds. 


First, all of the voice parameters fit neatly into four general catagories: 


Pitch Parameters 

Parameters in this group affect pitch in some way. They define the 
register of the voice (whether it’s a high or a low sound), the pitch table 
(normal scaling or some new one you've invented) and how pitch is 
modified - by an LFO (to create vibrato), by an envelope (to create a 
programmed jump in pitch) or by one of the modulation sources we’ve 
already been working with, 


Timbre Parameters 

This group defines the character of the sound itself. They determine the 
waveform. The waveform defines whether the voice sounds like a flute 
or a drill press, the brightness of the sound, and the modification of 
brightness by an envelope (which shapes brightness) or one of the 
modulation sources. 


Loudness Parameters 

The loudness group defines how the sound is shaped by an envelope, how 
it is bussed through the effects processor, which output it’s assigned to, 
how it is panned in stereo and how the loudness can be modified by a 
modulation source. 


Modulators 


This last group is a collection of controllers that can be used to modify 
various elements of the sound in performance. We’ve worked with many 
of them already in the last three sections. Here, we’ll cover them in detail. 


The first three parameter groups match the three basic properties of all 
sounds. This isn’t surprising because a your synthesizer is designed to 
create all types of sounds and so must address these fundamental 
elements. The method in which it address them is what the VFX sound 
the way it does. 


Let’s look at these three basic properties. The more you understand about 
sound itself, the more you'll get out of your synth. 


Three Basic Properties 


Sound is made up of three basic elements. These elements are present 
in all types of sounds from a violin to the locomotive. This.may seem an 
exaggerated general statement when you consider the extreme diversity 
of these two sounds, yet with even the slightest alteration of the three 
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basic elements, the total quality of the sound changes. Dramatic altera- 
tions of these elements produce dramatic results. 


The three elements of sound are: 


Wi Pitch 
Wi Timbre (Color) 
@ Amplitude (Loudness) 


I'll discuss each of these basic elements individually, and as we go along 
I'll show you the tools on the VFX that control each of these basic sound 
elements. 


First let’s talk about Pitch. 


Pitch 
Sound travels in waves, like ripples caused by a pebble thrown into a still 


pond. It travels out from the source, becoming weaker as it moves further 
away. 


All sound travels at the same speed but the "ripples" can be of varying 
sizes. We call the "ripples" oscillations, and the number of oscillations 
per second sets the frequency, or pitch of a sound. An oscillation is one 
complete wave cycle. 


This is a Sine Wave 


We use the term Hertz to define the number of oscillations per second, 
so if the sound is oscillating 200 times per second it’s said to have a 
frequency of 200 Hertz (Hz). 


The human ear has a limit to the frequencies it can hear. The lower limit 
is 20 Hz (20 cycles per second) and the upper limit is about 20,000 Hz 
(20,000 cycles per second). Sounds below the lower limit are called 
subsonic, and sounds above the upper limit are called supersonic. Animals 
have a wider frequency range of hearing than we do. That’s why your 
pet dog can hear the dog whistle that is tuned to a frequency above our 
limit and you can’t. ; 
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You might have heard the term A-440 before. This is the tuning pitch 
for the orchestra and it’s the A above middle C. It has the frequency of 
440Hz, which means that when a sound, any sound, oscillates at the rate 
of 440 times per second you hear the A above middle C. 


If you were to double the Hz of A-440 you would have A880, an octave 
above it. Double that, and the pitch you hear is A1760, two octaves above 
A-440. 


How does the VFX produce pitch? Each voice in a program is a separate 
sound generator much like the three strings per note on the piano. The 
rate of oscillation is controlled by the keyboard. 


Play an A on most any program and you'll hear an A. Why do I qualify 
that statement with "most any program"? A voices’s pitch can be set to 
sound on any frequency you choose when you play the keyboard. Section 
2 of this book introduced you to one way to alter the pitch/keyboard 
relationship by using pitch tables. It’s also possible to change the tuning 
of each voice individually. 


Timbre 

Timbre is the word we use for a sound’s tonal quality or color. This is 
what we call the character of a sound, what makes it unique to itself. 
When you hear a trumpet and a clarinet and recognize them as two 
different instruments, you’re responding to their different timbres. Even 
if these two instruments played the exact same pitches you would have 
no trouble telling them apart because their timbres are unique. Even with 
closely related sounds the timbral differences are apparent. 


Now, think about all the different types of sounds you hear everyday, in 
the music that you listen to and the sounds of nature around you. If you 
tried counting the number of sounds you can identify you'd be into the 
tens of thousands before you were through. Each and every one of these 
sounds has a unique timbre to make it different from all the rest. That’s 
a lot of variety. 


So, what is timbre? 

The Harvard Dictionary of Music says this about timbre: 

Timbre, or tone color, is the quality ("color") of a tone as produced on a specific 
instrument as distinct from the playing quality of the same tone if played on some 


other instrument. 


A sound’s timbre is determined by the harmonics, or more precisely, the greater or 
lesser prominence of one or another harmonics. 
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Harmonics are additional pitches that sound above the pitch that you 
hear as dominant. They are also called overtones because they're over the 
dominant tone, also called the Fundamental. 


Overtones aren’t heard as individual pitches because they're much softer 
than the fundamental. Instead, they act like elements of tonal color and 
their presence gives the violin its bright tone, and the bassoon its ready 
sound. So when you hear a violin play an A, you're not just hearing the 
A, which is the fundamental, but you’re also hearing a series of higher 
pitches that are vibrating at the same time, giving the violin its timbral 
quality. 


The basic arrangement of harmonic overtones is called the Overtone 
Series, Like a physical law of nature, some of the overtones in this series 
are present in all sounds. Take a look at the diagram below which 
represents an outline of the overtone series. In this diagram, low C is the 
fundamental and the pitches above it are its overtones. 


Notice that the second harmonic is an octave above the fundamental, and 
the third is an octave plus a 5th above it. Moving up, the fourth harmonic 
is 2 octaves above, the fifth is 2 octaves plus a third higher than the 
fundamental, and up and up it goes. Notice how the odd numbers are new 
pitches, while the even numbers are octave duplications of lower harmonics. 


Think of the overtone series as the genetic make-up of asound. As human 
beings, we all have a series of genes that are common for all of us, and 
yet we are all different from each other. As you know, our physical traits 
are determined by which genes are dominant and which are less 
prominent. 


The relationship is the same between sound and the overtone series. 


The dominance of certain overtones, like genes, sets the character of a 
sound. Dominance in this case is loudness. So, the fact that some 
overtones in the series are louder than others, combined with their overall 
relationship to the fundamental, is what sets the unique character of a 
sound, or its Timbre. 


As you've now discovered, the timbre of a sound is unique to itself. A 


sound’s individual timbre is called its waveform which is like a fingerprint 
of the sound. 
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Most waveforms, when viewed on an oscilloscope, are a complex series 
of hills and valleys that resemble an alien landscape. Their shape 
represents the overtones present in the sound, and which ones are 
dominating. Every sound you hear has its own waveform shape. 


What does all this mean to the synthesizer, and more specifically, the 
VFX? 


Four Kinds of Synthesis 


Right now, there are three types of synthesis dominating the market. 
They’re Subtractive synthesis, Additive synthesis and FM synthesis. Each 
type has its own way of constructing different waveforms by managing 
overtones. 


Additive Synthesis 
Briefly, Additive synthesis works by adding the overtones to the fun- 


damental. This method can be the most flexible, but it’s also the most 
time consuming. 


Subtractive Synthesis 


Subtractive synthesis works by subtracting unneeded overtones from a 
given waveform that’s very rich in overtones. This was the first popular 
method and remains the most common, and also, the easiest to master. 


FM Digital Synthesis 

Oversimplified, FM synthesis works by modulating sine waves together 
to form new breeds. This method is still exclusive to the Yamaha series 
of DX/TX synthesizers. 


Wavetable Synthesis 


Wavetable synthesizers are closely related to subtractive synths because 
they use filters to remove unwanted overtones from a waveform. In this 
way, the waveform is altered and the sound changes. The difference 
between subtractive synths and wavetable synths is subtractive machine 
gives you three or four very basic waveforms to start with and you take 
it from there to create new sounds. Wavetable synths give you complex 
sampled waveforms to begin with, so you’re already halfway toward 
making a finished sound before you even start. Since they use sampled 
waveforms, wavetable synthesizers can sound very genuine and true to 
the acoustic instruments they are simulating. 


This is the method the VFX employs. 
The third and final basic element is Amplitude. 


Amplitude 


Amplitude, or loudness, is the least complicated of the three elements to 
understand. On the VFX, amplitude is controlled in the Output Pages. 


103 


There’s littlke more we need to say about amplitude except for one 
interesting fact: 


It requires double the amplitude in lower registers to 
produce the same level of volume of the higher registers. 


That’s why it takes more power from an amplifier to drive the low end 
speakers than the high end. 


As a synthesist, this fact should be kept in mind as you adjust volume 
scaling on your sounds. The VFX supports a keyboard scaling feature 
that lets you adjust the volume level depending on where you play on 
the keyboard (High or Low). 


Envelopes 


All music is based on the changes that occur as the piece of music 
progresses from beginning to end. Sound is the same way. All sounds 
change over time in one or all of the three basic elements. Some sounds 
grow louder or softer, others get brighter or muted and others go up or 
down in pitch. Many sounds will change in all three respects. 


Let’s take a piano sound for instance. When you strike a key on the piano 
the string immediately sounds in response to the key being struck. But 
then what happens? It fades to a much lower volume almost as quickly 
and then fades to silence slowly. 


You could simulate this volume fade on the VFX by lowering the volume 
slider from maximum to about half way down immediately after striking 
a key and then lowering it slowly the rest of the way down as you hold 
the key. Of course, this method is very inconvenient and downright 
impossible if you’re playing fast notes or chords. So to accomplish this 
effect, all synthesizers, including the VFX, are built with devices that 
make the changes for you. These devices are called Envelopes. 


What Envelopes Can Do 


Envelopes can be set to control the volume of a sound during every note 
you play. Envelopes can also be assigned to control the timbre and pitch. 
This insures that changes to these parameters will be precise and consis- 
tent every time. As a synthesist, you can program the envelopes to make 
the changes quickly or slowly, subtle or obvious. 


Envelopes Are Controllers 


Envelopes do not produce volume or timbre or pitch, they just control it. 
When an envelope is assigned to a function like volume, it controls 
volume the way you programmed it. | 


Four Stages 


The simplest form of envelope has four stages, or points of change. These 
four stages are called: 
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W@ Attack 


BH Decay 
@ Sustain 


HE Release. 


Here’s a brief description of each: 


Attack 


This stage sets the rate of speed, or the amount of time it takes to go from 
a value of 0 to the maximum value. In the case of volume, a 0 value is 
silence and maximum value is the loudest level. 


Decay 


This stage sets the rate of speed from maximum value (where the Attack 
stage left off) to the Sustain level. 


Sustain 


This stage sets the value level of the sound at rest, as you hold the key. 
For volume, you set the loudness level you want the sound to rest on 
after it’s risen to maximum in Attack. 


Release 


This stage sets the rate of speed for the sound to go from the Sustain level 
back down to 0 value after you release the key. 


Sustain 


Time/Rate 


If you imagine the volume of a sound following the pattern in the diagram 
you can "see" the loudness level rise and fall accordingly. 
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Three VFX Envelopes 


The VFX offers you three, six stage envelopes which you can assign to 
pitch, timbre and amplitude parameters. Envelopes 1 and 2 can also be 
used modulation sources which you know can change many other sonic 
elements. 


Break 2 


Sustain 


Break 1 


VFX Envelope 


We'll discuss these envelopes and their application in the following 
chapters. 


Other Controllers 


Besides envelopes, there are two other important controllers that play a 
big role in a sound’s application. 


The LFO 
The Low Frequency Oscillator (LFO) is a controller, like the envelope, 
that raises and lowers a parameter’s value. Unlike the envelope however, 


it doesn’t stop at one cycle, but continues on repeatedly until you release 
the key. 


The most common use for the LFO is to create vibrato. This is done when 
an LFO is assigned to control the pitch of a voice or voices in a program. 
You can also use the LFO to control, timbre (which creates a wah-wah 
type sound) and amplitude (to create a tremolo sound). 
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The Keyboard Itself 


A keyboard controller can do much more than merely control pitches, it 
can adjust volume and timbre brightness, too. In fact, keyboard scaling 
can be applied to pitch, timbre and amplitude parameters which engages 
changes in sound character as you play up and down the keyboard. This 
is true for MIDI guitar and wind controllers that are triggering the VFX 
as a slave too because the scaling features are applied to pitches from low 
to high. If you play from a low pitch to a high pitch on your controller 
(be it a keyboard or guitar or wind controller) you'll hear the keyboard 
scaling functions operating on the sound. 


Modulation Sources 

As you've discovered in the previous sections, the VFX offers you a list of 
controller devices which can be used to adjust elements of sound in 
performance. You decide which controllers to use and how they changes 
the sound. This is done by simply assigning a controller (modulation 
source) to a parameter of sound. Then when you manipulate the 
controller, the assigned parameter changes. 


Chapter Summary 


As a review, the basics of sound and the synthesizer covered in this 
chapter are: 


The Three Basics Of Sound Construction: 


@ Pitch 
@ Timbre (Color) 
@ Amplitude (Loudness) 


These Elements Relate To Basic Tools On The Vfx: 


@ Pitch - Voice tuning parameters 

Bi Timbre - Waveforms are adjusted with the filter parameters through subtractive 
synthesis. 

Mi Amplitude - Controlled in the Output pages and shaped by Envelope 3. 


Controllers Are Needed To Make The Sound More Interesting And 
Musical: 


Wi Envelopes 
Bi Low Frequency Oscillator 
Wi Keyboard 
Hi Modulators 
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Read in Your Ensoniq Owner’s Manual: 


8-1 thru 8-2 
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Chapter 14 


Waveform Selection 


A! last we reach the point where theory becomes reality. In synthesis, 
the first functional decision to make is waveform type. There are 10 
groups of waveforms on the VFX, arranged according to type. 


NOTE: 


The VFX-SD has an additional two drum waveform groups. We'll skip over these 
on our discussion here. Look for the VFX-SD Sequencer Handbook from 
Alexander Publishing for complete drum programming tips. 


Read in Your Ensoniq Owner’s Manual: 


8-8 thru 8-13 


Let’s take each waveform type one at a time, so you can become familiar 
with their characteristics. 
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Create a Blank Program 


To start with, we need a clean slate so you can hear the changes you'll 
be making without a lot of other elements getting in the way. Create the 
program below and save it to RAM memory (the program save procedure 
is on pages 7-9 thru 7-10 in your owner’s manual. 


1. Call up program DRAWBARS-1. On the VFX this program is in 
the ROM banks, on the VFX-SD it’s in RAM. 


2. Call up Select Voice and solo the voice in the upper left corner 
(*ORGAN-V.4*). 


3. Call up Effects Page and select ROOM REVERB.1 as the effect 
type. Set DECAY TIME to 50 and FX1 to 25. 


4. Press [Output] twice and set the MODSRC parameter to OFF. 
5. Press [Filters] and set the MODSRC parameter to OFF. 
6. Press [Select Voice] and then press [Copy]. 


7. Select the MAKE COPY function on the display. This copies the 
voice you just edited into the copy buffer. 


8. Press [Select Voice] again and select the middle voice on the top 
row. 


9. Press [Copy] again and select RECALL. The voice in the copy 
buffer replaces the current voice. 


10. Press [Select Voice] and select the third voice on the top row. 
11. Press [Copy] and then select RECALL from the display. 


12. Press [Select Voice] again and perform the last two steps for the 
remaining three voices in the program. When you're finished, 
all six voices should have the same name on the Select Voice 
Page. 


13. Solo the first voice (upper left corner). 


14, Press [Patch Select] twice to call up the Pressure Page. Set the 
program to KEY. 
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16. Press [Write] and name this program TEST and save it to any 
RAM location. 


Listen to the Waveforms 


Take a look at the lists on pages 8-8 and 8-9 in your manual as you run 
through these waveforms. As you listen to the waveform, keep in mind 
that they have not been altered at all, you’re hearing them in their raw 
form. 


String Sounds through Percussion 


All of the waveforms in groups beginning with String Sounds up to 
Percussion have similar parameters. Listen to these one at a time. 


1. Call up your TEST program. 


2. Press [Wave] and select WAVEFORM from the display. This 
parameter selects the waveform group (the parameter is not 
called WAVEFORM, it just so happens that the current group is 
called WAVEFORM). Use the [Value] keys to select STRING 
SOUND. You see this display: 


Waveform Group 


Waveform 


Delay = 000 


Start = 00 Vel - StartMod = +00 Forward 


3. Select the waveform parameter in the upper left corner. The 
first waveform in the String Sound group is called simply 
STRINGS. Play and listen 


4. Select the other 14 waveforms in this group and listen to each 
type. 


5. Let’s adjust some of the other parameters on this page. 
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START 


This defines what you hear first when you strike the key. Greater values 
place the start position further into the waveform and you don’t hear the 
opening attack transients. 


VEL-START MOD 


This gives start position control to Velocity. Positive values increase 
control, so when you play harder, the start position moves further into 
the waveform (you don’t hear the opening attack). 


FORWARD/REVERSE 
You can hear the waveform played forward or in reverse. 


DELAY 

Greater values delay the start of the waveform after you strike the key. 
In a six voice program, you can use DELAY to make some of the voices 
come in later than others. 


6. Select the waveform group parameter and call up the BRASS 
SOUND group. 


7. Listen to the 9 brass waveforms. 


8. Adjust the START, VEL-START, FORWARD/REVERSE 
parameters to see how these affect the brass sounds. 


9. Youmay have noticed that by continuing through the waveform 
list, you automatically move from group to group. Experiment 
with the bass sounds as you did with strings and brass and 
continue selecting waveforms through the Percussion group. 


10. Stop with the TRANSWAVE group. 


Transwave Waveforms 

The Transwave group of waveforms is different than the previous groups 
you've been listening to. They are extremely useful in creating unusual 
synthesizer effects. Read page 8-12 in your owner’s manual again before 
going on with this exercise. 


11. Select the TRANSWAVE group. The first waveform in this 
group is called SPECTRL-X. 


12. Play and listen. Now set the START parameter to 99. Play and 
you'll hear a completely different sound. This demonstrates the 
concept discussed on page 8-12 in your manual. 


13. Select other START values and listen to the number of different 
sounds in the waveform. 
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14. The MODSRC parameter allows you to select a controller which 
you can use to change the waveform in real time. Select WHEEL 
as the MODSRC and se the MOD AMT to +50. 


15. Play and adjust the wheel. Now set VELOCITY as the MODSRC. 
Play hard and you hear one sound, play soft and you hear 
another. 


16. Call up the other 16 Transwave waveforms. Adjust the START 
value and listen to the variety. Try out some of the other 
modulation sources. 


Waveform and Inharmonic Groups 


These are simple waveforms, used to make the body of a sound. For 
example, you can choose a string waveform for one voice and one of these 
simple waveforms for another voice to create a combination that has a 
string attack and a warm round sustain. 


The first 10 waveforms in the WAVEFORM group are very basic, similar 
to those found on subtractive synthesizers. The remaining 13 are sustain 
loops of acoustic samples. Use these as support for voices that are 
generating the attack portion of the overall sound. For instance, use 
CLAVPIANO for one voice to generate the plucked attack and CLAV- 
WAVE for a support voice to add richness to the combination. 


The five INHARMONIC waveforms are bell and percussion timbres that 
you can use to create metallic sounds. 


17. Run through the WAVEFORM and INHARMONIC groups. 


Multiwave 

This waveform contains all other waveforms played one after the other. 
You can single out just one using the START and LENGTH parameters, 
or you can define a region and listen to the waveforms inside the 
boundary play over and over in a loop. 


Read in Your Ensoniq Owner’s Manual: 


8-13 


18. Select LENGTH and set it to 242 and then just hold down a key. 
If you hold it long enough, you'll hear all waveforms played in 
a row. 5 
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19. Now set LENGTH to 001 and you'll hear the first waveform 
played over and over in a loop. If you increase length by 2 
values to 003, you hear the first three waveforms play. Set 
START to 001 and you hear waveforms 2 through 4 play. Set 
LENGTH to 001 and you hear just waveform #2 play 


20. Use START and LENGTH to single out individual waveforms 
and waveform groups. 


21. You've probably noticed that the pitch you play on the keyboard 
determines the speed of the loop as it plays back. You can 
control the speed of a loop across the keyboard with the 
parameters found in the Pitch Page (see the next chapter). 
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Chapter 15 


Basic Pitch Parameters 


Nj ow we begin addressing the 3 basic properties of sound discussed in 
Chapter 13 starting with the basic voice tuning parameters. The 
Pitch parameters are found on two pages - the Pitch Page holds basic 
tuning and the Pitch Mod Page holds modulation options. We'll look at 
both pages in this chapter. 


Pitch Page 


There are four parameters on this page which define basic tuning and 
pitch table assignment. 


Read in Your Ensoniq Owner’s Manual: 


8-16 


The parameters found here are very simple. You use OCTAVE, SEMI- 
TONE and FINE to set the range for the voice. 


Lis 


The SEMITONE parameter sets the tuning of each voice in half step 
degrees. If you select a positive value, you hear a pitch higher than the 
one you play on the keyboard (+02 means you hear a D when you play 
aC). Negative values trigger a pitch lower than the one you play ion the 
keyboard (02 means you hear an A# when you play a C). 


Remember that the tuning parameters are set separately for each voice. 
You can program an interval to sound by setting the value of one voice 
above or below another. 


NOTE: 


When working with the Multiwave, the pitch parameters do more than just define 
a pitch register for the voice. Adjusting pitch actually changes the speed of the 
loop as it plays back. 


Fine Tune 


The Fine Tune parameter is most commonly used as a tool to fatten up 
the sound of two or more voices. When the pitch of two voices is slightly 
out of tune, the result is a small phasing that produces a richer and fatter 
sound. 


As a rule of thumb, don’t exceed 10 degrees between on 
voice and another unless you want the combination to 
sound out of tune. 


Experiment 
1. Call up your TEST program. 


2. Press [Wave] and select ORGAN V.1. 
3. Press [Pitch] and set FINE to 00. 


4. Press [Select Voice] and select the middle voice on the top row. 

You should now be able to hear just the first and second voices. 

If any other voice is active (no parentheses around the voice 

ae mute these other voices (select and click on the soft 
ey). 


5. Press [Wave] and select ORGAN V.1. 
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6. Play and you'll hear both voices playing the same sound on the 
same pitch. Press [Pitch] and set the FINE parameter to +08. 
Play again and you'll hear a slight chorus effect. This is caused 
by the two voice being slightly out of tune with each other. If 
you increase FINE above +10, the combination starts to sound 
out of tune. 


7. To hear how two waveforms sound mixed, press [Select Voice] 
and select the first voice. Press [Wave] and pick DIGITAL-X. 
Play and you hear a digital percussion organ sound. 


Pitch Modulation 


As you’ve now discovered, the keyboard isn’t the only controller of pitch 
on the VFX. You’ve worked with the pitch bender and the modulation 
lever to control pitch in quite a different way than the keyboard controls 
it. This segment discusses these and one other controller, the Pitch 
Envelope and shows you how they work to create interesting movement 
in a sound. 


1. Call up your TEST program and press [Pitch Mod]. 


Read in Your Ensoniq Owner’s Manual: 


6-17 thru 8-18 


We've already worked with GLIDE in Section 2, so we'll examine the 
remaining parameters on this page below. 


Experiment 


1. Press [Select Voice] and pick the first voice. Press [Wave] and 
select DIGITAL-X. 


2. Press [Select Voice] and pick the second voice. Press [Wave] and 
select ORGAN V.1. 


3. Press [Select Voice] again and select the first voice. Press [Pitch 
Mod]. 


4. Set MODSRC to VELOCITY and MOD AMT to +30. Now when 
you play soft, the digital percussion voice is in tune with the 
organ voice. Play harder and digital starts to raise in pitch to 
give a quasi-steel drum type effect. 
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5. Press [Wave] and set the MODSRC to VELOCITY and MODAMT 
to +20. Now when you use velocity you change both the pitch 
and the waveform. 


6. Press [Pitch Mod] and set the MODSRC to WHEEL. Adjust the 
mod wheel and you run through an interesting array of sounds 
as the pitch changes. 


7. Press [Select Voice] and pick the second voice. Press [Pitch Mod] 
and try using PRESSURE or some other MODSRC. Negative 
MODAMT values lower the pitch. 


The LFO 


The Low Frequency Oscillator (LFO) is a waveform generator just like 
the ones present in each voice. The only difference is that the LFO 
produces frequencies much too low for you to hear, hence the name. 


So, what good is a waveform generator capable of producing four different 
waveforms if you can’t hear it? 


The LFO operates as a controller. And just like other controllers, it’s 
responsible for changing the parameter it’s assigned to in a way that you 
can program. On the VFX, the LFO can be assigned to a variety of 
destinations from pitch to timbre to amplitude to the effects. 


You Can Set The LFO to: 


automatically engage vibrato, timbre wah-wah, amplitude tremolo; 
to be controlled by the mod wheel; 

engage automatically and deepened by the mod wheel; 

to modulate any of the MODSRC parameters. 


Read in Your Ensoniq Owner’s Manual: 


8-27 thru 8-29 


Experiment 


1. Call up patch your TEST program and press [Pitch Mod]. We'll 
begin by assigning the LFO to pitch. Set the value of LFO to 
+10. This will make the voice sound like something from a 
1950’s horror picture. 


2. Press [LFO] and set the RATE to 20. 
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10. 


11. 


The two MODSRC parameters on this page control LFO RATE 
and LFO LEVEL. Set the RATE MODSRC to WHEEL. Set the 
MODAMT to +20. 


Play and use the wheel and you hear the LFO rate getting faster. 
Set the LEVEL parameter to 00 and LEVEL MODSRC to WHEEL. 
Pull the wheel all the way down and you don’t hear any vibrato. 
Move it forward and the vibrato gets gradually louder and faster 
as you go. 


DELAY sets the amount of time it takes for the LFO to come in 
automatically. You must set LEVEL above 00 for the LFO to be 
engaged automatically. Most wind and string players engage 
vibrato shortly after playing a note, during the sustain. You can 
simulate this by setting the LEVEL parameter to a pleasing 
amount and then adjust the DELAY time to your liking. 


Note, that if you set LEVE] above 00, the LEVEL MODSRC 
adjusts from the value you specify. If the MODAMT is a positive 
value, you increase the level of LFO above where LEVE] is set. 
If MODAMT is a negative number, you decrease it. 


Set RATE to 50, LEVEL to 25 both MODSRC parameters to 
WHEEL and MODAMT to -50. 


You can get one voice to jump out of the program 
mixture by giving it a greater Modulation value than the 
others. 


By setting one voice to a very slow speed, you can achieve 
a droning effect that supports the sound while the other 
voices, set to a higher speed, produce vibrato. 


Now set RATE to 20 again and DELAY to 00. 
Press [LFO] to move to LFO Page 2. 


Take a look at the waveform diagrams on page 8-29 in your 
owner's manual. Change the WAVESHAPE value and listen to 
the way they change the sound. 


Set RESTART to ON and play a few single notes. Notice how 
the LFO always starts at the top of its cycle every time you play 
anew note. Play and hold a note and then play a new note in 
the middle of a cycle. You hear the new note start at the top of 
the cycle too and so create two cycles. 
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12. 


13. 


14. 


15. 


16. 


Set RESTART to OFF and do the same thing. Notice now that 
the note can come in the middle of a cycle. Playing new notes 
does not interrupt the LFO cycle. 


Set RESTART to ON when working with solo and en- 
semble strings and winds. Set it to OFF for electronic 
effects such as sirens and helicopters. 


Set NOISE SOURCE RATE to 30. This parameter lends some 
interesting randomness to the LFO. You won't hear anything 
right now, because you haven't assign the NOISE modulation 


source to anything yet. 


Go back to LFO Page 1 and set LEVEL MODSRC to NOISE. 
You'll hear a strange sort of random nature to the LFO now 
which is useful in creating sound effects programs. 


After setting up the LFO parameters, you assign the LFO to pitch 
on the [Pitch Mod] page by setting the value of LFO on that 
page. Try setting up a nice vibrato sound: 


RATE = 35; 

RATE MODSRC = WHEEL; 
MODAMT = +10 

LEVEL = 25; 

LEVEL MODSRC = *OFF*; 
DELAY = 40. 


Press [Pitch Mod] and set the value of LFO to +10. This creates 
a pleasant vibrato and you can increase the rate with the mod 
wheel. 


Pitch Envelope 


Envelope 1 can be used to adjust the pitch of a voice. This can be useful 
in creating realistic brass sounds or interesting electronic effects. 


Look at the diagram on page 8-30 of your owner’s manual. This shows 
the stages of the envelopes on the VFX. When you assign Envelope 1 to 
pitch, this happens: 


When you play a key the pitch starts at the Initial Level. If the Initial Level is 
set a value other than 00, the pitch you hear is above the pitch you’re 


playing. 
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The pitch travels to the Peak stage at the rate set by the Attack parameter, then 
to Break 1 at the rate set by Decay 1, to Break 3 at the rate set by Decay 2 and 
then to the Sustain at the rate set by Decay 3. The pitch will come to rest on 
the note you're playing (center pitch) if the Sustain Level is set to 00. If 
not the note comes to rest above the pitch you're playing. 


When you release the key, the pitch travels to a value of 
00 (the pitch you’re playing) at the rate set by Release. 


NOTE: 


The values for rate parameters (Attack, Decay 1, 2 and 3 and Release) aren't 
measured in actual time degrees like seconds or milliseconds. They're rates of 
speed, like miles per hour. The time it takes for the pitch to get from one level to 


the next depends on both the rate of speed and the distance between the two 
levels. For instance, if Peak is set to 100 and Break 1 is set to 50 then it takes a 
good amount of time for the pitch to make the journey if Decay 1 is set to90. Yet 
if Break 1 is set to 95, the trip is made in a fraction of the time because there wasn't 
near the distance to travel. 


Pitch Envelope Parameters 


The Pitch Envelope parameters can be divided into three function 
catagories. 


@ Assign the envelope control to the voice using the ENV Iparameter on the 
Pitch Mod Page. Page 8-18 in your manual. 

Mi Construct the envelope shape using the rate and level parameters. Pages 
8-30 thru 8-32 in your manual. 

Mi Assign keyboard control of the envelope rates and levels using the modula- 
tion parameters on Enveloper 1 Page 3. Pages 8-33 thru 8-35 in your manual. 


You should approach the Pitch Envelope in these three stages. 


Experiment 
Call up your TEST program. 


STEP 1 - Assign Envelope Control 


1. Press [Select Voice] and solo the first voice on the display 
(*ORGAN.4*). 


2. Press [Pitch Mod] and set the value of ENV 1 to +40. 
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Setting the ENV1 parameter defines two things. First it tells the syn- 
thesizer that the envelope will adjust the pitch above the key you play 
and second, it specifies how far away from the key you’re playing the 
pitch will be altered (40 take the pitch higher than +20). 


3. Play and you'll hear the envelope effect on the pitch. 


4. Increase ENV1 and you'll hear the effect exaggerated. Give ita 
negative value and the pitch rises from below the pitch you’re 


playing. 
5. Set ENV 1 back to +40. 


ENV] assigns envelope control. The next step is to shape 
the envelope. Leave the value of ENV1 at this exag- 
gerated value so you can clearly hear the shape while 
you work with the envelope time and level parameters. 
When you’re finished shaping, you can go back and 
adjust it to a more subtle value. 


STEP 2 - Shape the Pitch Envelope 


6. Press [ENV 1] twice to reach the ENV1 TIMES Page. 
7. Pick the ATTACK parameter and set the value to 55. 


8. Press [ENV1] twice to access ENV1 LEVELs Page and set 
INITIAL to 00 and PEAK to 99. Play and you'll hear the pitch 
start on the note you play rise slowly to PEAK and then drop 
down. 


9. Pick the DECAY 1 parameter (ENV1 TIMES Page) and set its 
value to 40. Set DECAY 2 to 00 and DECAY 3 to 40. Set BREAK 
2 to 99 and SUSTAIN to 00. Play and you'll hear: 


e The pitch rise slowly (INITIAL=00 to PEAK=99 at the ATTACK 
value =55) 

e Then fall at a moderate speed (PEAK=99 to BREAK 1=00 at the 
DECAY 1 value = 40) 

e Then rise at a very fast rate (BREAK 1=00 to BREAK 2=99 at the 
DECAY 2 value = 00). 

e Then fall moderately again (BREAK 2=99 to SUSTAIN=00 at the 
DECAY 3 value = 40) 
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As you can see, the envelope shape is defined by working with the time 
and level parameters together. The shape you've just created clearly isn’t 
very practical. So, let’s set up one common for a brass sound. 


When a brass player attacks a note, the pitch starts just above center 
pitch, drops very quickly to just below center pitch and rises up again to 
rest on the center pitch. This movement happens so fast that you hear 
it as part of the attack timbre. 


10. Press [Wave] and select FRENCHHORN as your waveform. 


11. Press [ENV1] and set INITIAL to 00, PEAK to 10, BREAK 1 and 
BREAK 2 to 00 and SUSTAIN to 00. 


12. Set ATTACK to 06, DECAY 1 to 04, DECAY 2 and 3 to 00 and 
RELEASE to 00. 


13. Playin the middle of the keyboard, then towards the upper and 
lower ends. 


Normally, as a brass instrument plays higher pitches, the attack gets 
quicker, and on lower pitches the attack is slower. When the note is 
attacked with more force, the pitch waver is exaggerated. The 
parameters that allow the programmer to create these effects are Key 
Follow and Velocity control. 


STEP 3 - Keyboard Control 


14. Press [ENV1] three time to access ENV1 Page 3. Select 
KYBD-TRACK and set the value to +06. Play the keyboard from 
low to high and you'll hear the pitch envelope get quicker as 
you reach the upper end of the keyboard. A negative 
KYBD-TRACK value would have decreased speed going up. 


15. Select VEL LEVEL and set the value to 99 and VEL ATCK to 99 
also. A Concave curve is most natural for acoustic sounds, so 
select CONCAVE-2 for the VEL CURVE parameter. At this value 
a soft touch produces very little pitch envelope, but a hard touch 
makes it jump out. 


16. Now, press [Pitch Mod] and set ENV1 to +60 so you can really 
hear it. 


Helpful Hints 


Use the pitch envelope to create a natural brass attack like you did in the 
above experiment. This technique applies to woodwind instruments too 
in a smaller degree. Just set the ENV1 parameter a little lower and you'll 
have it. 
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Bell sounds are enhanced with a pitch fall-off on the release. Set 
SUSTAIN above 00 and the RELEASE parameter to a relatively high value 
so the fall isn’t too fast. 


124 


Chapter 16 


Timbre 
Parameters/Synth 
Waves 


AS I’ve mentioned, the harmonic structure of the waveforms can be 
adjusted and varied using the Filter parameters. If you’re familiar 


with subtractive synthesis techniques, you'll feel right at home working 
with the filter. 


The VFX gives you two filters per voice. You can use just one in the 


conventional manner, or both to create some interesting combination 
filtering. 


Read in Your Ensoniq Owner’s Manual: 


8-20 thru 8-22 


As explained in the manual, the cutoff frequency is the point where the 
filter starts to diminish the overtones. With a Low Pass Filter, the 
overtones above the cutoff point are filtered out, so you don’t hear them. 
Consequently, the waveform sounds more muted - less bright. With a 


125 


High Pass Filter (a choice for Filter 2), overtones below the cutoff point 
are filtered and the sound is wispy and transparent. 


The Pole configuration defines the steepness of the slope from the cutoff 
point. A 1 Pole filter has a very gradual slope, so you hear many of the 
frequencies above the cutoff frequency. They gradually get softer and 
softer the higher they go. A 3 Pole Filter has a much steeped slope, so 
you hear much less of the frequencies above the cutoff point. 


Deciding which Pole configuration to use depends on your ears, although 
gradual slopes are more natural sounding. 


As shown by the diagrams in your manual, you can use both filters to 
create combination slopes. The most useful of these combinations would 
be the Band-Pass designs where frequencies on either side of a central 
cutoff point are filtered. This allows you to emphasize a select frequency 
range. You can make good use of this capability to bring out the attack 
frequencies in a voice, so when mixed with other voices provides a clear, 
pluck or bow element to the overall sound. 


Experiment 
1. Call up your TEST program. 


2. Press [Select Voice] and solo the first voice on the display 
(*ORGAN.4*). 


3. Press [Wave] and select SAWTOOTH as your waveform type 
(press the [Value Up] key once and you're there). 


4. Press [Filters] and set CUTOFF to 127, ENV2 to 00. Press 
[Filters] again to access the Filter 2 Page and set CUTOFF to 
127 and EN2 to 00 also. 


5. Play the keyboard and lower the value of CUTOFF. As you do 
the waveform grows steadily softer and more muted. The filter 
is cutting off the higher overtones as you lower the value. 


6. Try setting Filter 1 CUTOFF to 100 and Filter 2 to 40. This 
represents the first combination shown on page 8-21 of your 
manual. 


7. Nowtry reversing the settings, Filter 1 = 40 and Filter 2 = 100. 


At this setting, any value for Filter 2 above the value of Filter 1 
is not heard because the sound passes through Filter 1 first. 
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For ordinary Low Pass filtering, always keep Filter 1 CUTOFF above Filter 
2. If you give them the same setting with an identical Pole configuration, 
you create a single frequency filter. By mixing Pole configurations (as 
shown in your manual), you can create steep or gradual slopes. 


Let’s try a Band Pass filter: 


8. Set the CUTOFF of Filter 1 to 90 and the CUTOFF of Filter 2 to 
90 as well. Now change the Filter 2 type to HIGH-PASS/1. By 
doing this you’ve emphasized the frequency around the 
CUTOFF point and filtered out lows and highs. 


9. Set Filter 2 CUTOFF to 60 and change the type to LO PASS/1. 
Leave the VFX at this step and read on. 


Filter Modulation 

The most important thing you must remember when you work with filter 
modulation, is that the controllers (the envelope, velocity, keyboard 
tracking) work with the set CUTOFF point as the lowest value. This 
means, if your CUTOFF value is already high, you won't have very far to 
go to get to the maximum level. Consequently your controllers won’t 
work as well. Always bring the CUTOFF point down, so your controllers 
have some head room to work with. 


The KBD parameter is used to make the sound more bright or less bright 
in different keyboard ranges. 


In most cases you want the upper registers of the keyboard to be a little 
brighter than the lower registers. This generally results in a more natural 
sound, since most instruments are noticeably brighter in their upper 
ranges. String ensemble sounds are good examples of this technique, 
since the lower strings shouldn’t overpower the upper ones. There are 
occasions for the opposite to apply however, which is why the value range 
of KBD includes negative numbers. 


Experiment 
10. Set the CUTOFF values for both Filters to 60. 


11. Change the value of Filter 1 KBD to +80. This allows brightness 
to grow as you go up the keyboard and it diminishes as you go 
down. IF you set Filter 2 the same way the effect is more 
prominent. If you set Filter 2 KBD to a negative value you can 
bring out the middle register of the keyboard and de-emphasize 
the extreme low and high registers. Try it! 


12. Now set the CUTOFF points for both Filters to 90. The KBD 


value makes little difference now, because your CUTOFF points 
are quite high. 
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13. Don’t adjust the CUTOFF points yet. Go to the Filter 1 Page 
and set MODSRC to VELOCITY and MODAMT to +50. Play 
using velocity control. If you try you can hear a difference 
between soft and hard playing, but the difference is slight. 
Again, the reason is because the CUTOFF point is already near 
the top of its range (90 out of 127) and velocity is increasing 
brightness above the set Cutoff point. 


14. Bring Filter 1 CUTOFF back down to 60 and then try velocity. 
It works much better. 


15. Now set the MODSRC to LFO. Play and you'll hear a wah-wah 
effect - the result of LFO control of Filter CUTOFF. 


16. Try some of the other modulation sources. Since you have two 
Filters, try mixing and matching them. 


17. Stop here and read on. We'll pick up the exercise in a moment. 


Envelope 2/Filter Envelope 


Envelope 2 shapes a voice’s timbre by controlling the Cutoff Frequency 
value. By increasing and decreasing the cutoff frequency, the envelope 
creates movement in timbre as the note is held. This is acommon element 
in all acoustic instrument sounds and helps to create interest in syn- 
thesized sounds of all types. 


Envelope 2 is an exact copy of Envelope 1 which you worked with in the 
previous chapter, so you're already familiar with the various parameters. 
Let’s see how envelope control of timbre works. 


Like the pitch envelope, using Envelope 2 to modulate the filter cutoff 
frequency envelope can be divided into three general steps: 


@ Assign the envelope control to the voice using the ENV2 parameter on the 
Filter Pages. 

@ Construct the envelope shape using the time and level parameters. 

@ Assign keyboard control of level and Time using the modulation parameters 
on Envelope 2 Page 3. 


Experiment 


18. Pick up the exercise where we left off. Remove all modulation 
sources for now: Set Filter 1 CUTOFF to 000. Now when you 
play you will hear nothing because the filter is removing all 
frequencies. 
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STEP 1 - Assign Envelope Control 


19. 


20. 


Set the value of ENV2 to +75. Now you'll hear the voice again 
when you play because the envelope is increasing the CUTOFF 
value above 000. The sound has a little shape now - the attack 
portion is bright but the rest of the sound is rather mellow. 


Set CUTOFF up to 75 and listen to the way the voice sounds 
without the envelope shape. Set CUTOFF back down to 000 
again and compare. 


The ENV2 parameter assigns envelope control. The next 
step is to shape the envelope. 


STEP 2 - Shape Envelope 2 


21. 


22. 


23. 


24. 


25. 


Press [ENV2] and start off by setting up this shape: 


e INITIAL = 00; 
e PEAK = 99; 

e BREAK 1 = 00; 
e BREAK2 = 99; 
e SUSTAIN = 40; 
e ATTACK = 55; 
e@ DECAY 1 = 20; 
e@ DECAY 2 = 43; 
e DECAY 3 = 50 


You hear the brightness flowing in and out. 


Let’s hear what this shape sound like using a Band Pass Filter. 
Press [Filters] and set Filter 2 to HI PASS/2. Give the envelope 
some control of Filter 2 by setting ENV2 to +90. 


Now press [ENV2] again and select Page 3. Set the MODE to 
REPEAT, press and hold a key. 


Set KYBD TRACK to +50. Play a high key and the envelope 


goes through its cycle quicker. Press a low key and it goes 
slower. 
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Now Let’s Shape An Electronic Effect Type Sound 


26. Press [Filters] and set Filter 1 and Filter 2 up like this: 


Filter 1 - LO PASS/2; 
CUTOFF = 000; 
KBD = +60; 
MODSRC = OFF; 
ENV2 = +75; 

Filter 2 - HI PASS/2; 
CUTOFF = 24; 

KBD = +60; 
MODSRC = LFO; 
MODAMT = +36; 
ENV2 = +74. 


27. Press [ENV2] and set the envelope up like this: 


INITIAL = 99; 
PEAK = 62; 
REAK 1 = 50; 
BREAK 2 = 27; 
SUSTAIN = 70; 
ATTACK = 57; 
DECAY 1 = 42; 
DECAY 2 = 33; 
DECAY 3 = 41; 
KYBD TRACK = 00; 
MODE = REPEAT 


28. Press [LFO] twice and set the WAVESHAPE to SQUARE to get 
more of a defined wobble in the sound. 
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Now We’ll Work With A More Conventional Sound 


29. Press [Filters] and create an ordinary Low Pass Filter: 


Filter 1 - LOW PASS/3; 
CUTOFF = 30; 

KBD = +80; 

MODSRC = VELOCITY; 
MODAMT = +50; 
ENV2 = +50; 

Filter 2 - LOW PASS/2; 
CUTOFF = 000; 

KBD = +80; 

MODSRC = VELOCITY; 
MODAMT = +50; 
ENV2 = +40 


30. Press [ENV2] and punch in these settings: 


INITIAL = 00; 

PEAK = 99; 

BREAK 1 = 50; 
BREAK 2 = 27; 
SUSTAIN = 50; 
ATTACK = 14; 
DECAY 1 = 42; 
DECAY 2 = 24; 
DECAY 3 = 23; 
RELEASE = 22; 
KYBD TRACK = +16; 
VEL CURVE = CONCAVE 2; 
MODE = NORMAL; 
VEL LEV = 00; 
VEL-ATK = 30 
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Chapter 17 


Amplitude 


To parameters you'll be working with in this chapter are those you’ve 
become familiar with already. Here they’re applied to the Amplitude 
or loudness of a sound instead of the pitch or timbre. 


Read in Your Ensoniq Owner’s Manual: 


8-23 thru 8-26 


The VOLUME level, set on Output Page 1 is the basis upon which all the 
other parameters in the Output menu and Envelope 3 pages work. 


Like the Cutoff parameter in the Filters, the VOL parameter here can be 
changed by a handful of controllers including keyboard control, Envelope 
3, Modulation Sources etc, but unlike the Cutoff parameter, the value of 
VOL can’t be increased by keyboard control, the envelope or any of the 
modulation sources. VOL represents the maximum level and when you 
apply modulation, controllers work UP to the VOL value, not above it. 
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Experiment 


1, 


Call up your TEST program. 
Press [Select Voice] and solo the first voice on the display. 


Press [Output]. Start by selecting a modulation source. Set 
MODSRC to LFO and MODAMT to +99. You hear a tremolo. 
Set MODSRC to WHEEL and use the mod wheel to fade the 
voice in and out. This can be a useful way to control one voice 
in a complete program. 


Bring MODAMT back down to 00. Select the LO/HI-KEY 
parameter. This defines a region on the keyboard that is 
affected by KBD-SCALE. You can define any size region ranging 
from the whole keyboard to just two notes. After selecting the 
LO/HI parameter all you do is play a note on the keyboard that 
you want for the lo boundary and then play a note you want 
for the hi boundary. 


For now, play the lowest C and the highest C. 


Set the KBD-SCALE to +50. Play from low to high. You'll hear 
the sound fade in at around C3. 


Set KBD-SCALE to -50. Now the upper notes are silent and the 
lower ones are heard. 


Using KBD-SCALE, you can limit a voice to a certain 
register on the keyboard. For example, if you want a 
bell timbre to be present as part of a orchestra program, 
but only in the upper notes of the keyboard. You can 
use KBD-SCALE to place it in the high register only. 


Set KBD-SCALE to the ZON value. This limits the voice to inside 
the LO/HI boundary only. Set LO/HI to C4 - C5. Now when 
you play, you only hear the voice in the octave above middle C. 
notice that with ZON, the sound doesn’t fade out as it passes 
the boundary notes, the sound is cut off. 


Press [Output] to move to Page 2. Here you'll find a familiar 
parameter, DESTINATION BUS. Each voice can be panned in 
stereo and the pan position can be modulated with a modulation 
source. 
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As mentioned in Section 2, pan position is am important 
factor in creating space in your sounds. Place voices, so 
the complete program surrounds you from left and right. 
If you’re using two identical voices in a program, place 
one on the left and the other on the right for balance. 


10. Set PAN to 50, MODSRC = WHEEL and MODAMT = +99 
(positive values move the voice to the right, negative values 
move it to the left). Play and move the wheel, the voice moves 
from center to the right. If you set PAN to 00 and then move 
the wheel, you hear the voice move from left to right. 


11. Set MODSRC to PRESSURE. Now you can control pan position 
with Key Pressure. 


12, Set PAN back to 50 and set MODSRC to OFF. 
13. Press [Output] again to access Page 3. 


A Word About VOICE PRIORITY 

There are only so many notes that the VFX can play at once, 21 to be 
exact. While this is not a problem when you’re playing a single program 
from the keyboard, when you layer three programs in preset you triple 
the number of notes played on every key. When playing a three program 
preset layer, a seven note chord reaches the maximum number of notes. 
This can even be more of a problem when the VFX is playing back a whole 
song arrangement from a sequencer. 


When the VFX reaches it’s maximum number of notes and receives more. 
It steals notes from those that have already been triggered. If a note is 
currently sustaining, it will be cutoff abruptly. If it has a long release 
decay, it will also be cut off. 


The VOICE PRIORITY parameter allows you to give precedence to certain 
voices that you don’t want stolen when the occasion arises. If you give 
a voice a HI Voice Priority value, then the VFX will not steal from this 
voice until the last possible moment. It will seek out voices with a MED 
or LOW Voice Priority value first. 


14. Set VELOCITY THRESHOLD to +60. Play soft and you hear 
nothing, play harder and you hear the voice pop in at about a 
medium strength. This parameter defines the velocity value 
that triggers the sound. Positive values mean that you must 
play harder to trigger the sound. Negative values mean that 
when you play harder you mute the sound. This parameter can 
be used to between two or more voices in a programi, so you 
can switch between them with velocity control. 
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For example, if you set one voice to a THRESHOLD value of -60 and 
another to a value of +60, you’d hear on voice when you played soft and 
another when you played forcefully. 


Envelope 3 


Envelope 3 is used to shape the amplitude ofa voice. It is designed exactly 
like Envelopes 1 and 2. You'll recognize the time and level parameters 
as the same as those in the other envelopes. 


However, there’s one major difference in using this envelope for 
amplitude control. You won't find a parameter that sets the amount of 
envelope control. Envelope 3 is always engaged to control amplitude at 
full intensity. 


Every time you play a key the envelope begins it’s cycle from the INITIAL 
value then goes through the cycle according to the value settings of the 
envelope parameters. 


You are quite familiar with the operation of the envelope generators by 
now, so I won’t guide you through another exercise to show you how 
they work. But here are a few tips. 


Helpful Hints 


Most sounds have an individual envelope shape for the brightness portion 
(Filter) and the loudness portion. 


Brass Sounds 

You'll find that the amplitude attack on a brass sound is very quick, but 
the brightness follows it, a split second behind. If you give Envelope 2 a 
slightly slower attack rate than Envelope 3 you can hear Envelope 2 
opening up the filter. This simulates the c\brass player’s lip attack. As 
for the rest of the shape, bring the filter envelope back down to a lower 
sustain level quickly (using decay and break parameters) and keep 
amplitude sustain at a medium level. This way your sustain is mellow 


but not weak. 


String Sounds 

String sounds have similar filter and amplitude envelope shapes. Usually 
you hear the brightness rise with the amplitude during the attack portion, 
so give both Envelope 2 and 3 the same attack rate. Generally a string 
sustain is much brighter than a brass sustain. Keep the filter envelope 
up there by giving it a medium sustain level instead of a low as you would 
with a brass sound. To create a synthesized reverb effect, set the release 
rate to a higher value. If you set the filter envelope a little longer than 
the amplitude envelope, you get a nice bright fade out. 
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Plucked Sounds 

These types of sounds are created with a sharp attack and decay in the 
filter envelope. The amplitude envelope should have an equally fast 
attack, but a slower decay to a sustain level of 000. Because the 
brightness is here and gone so quickly, you hear just the remnant of the 
sound as you hold down the key. For piano-type sounds, allow the filter 
envelope to attack quickly and then decay quickly to a medium Break 1 
value. From there the filter envelope should follow the amplitude 
envelope and decay slowly to a sustain level of 000. 
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Section Summary 


Summary 


Tey closely at some of your favorite programs. Now that you have a 
good idea of how the VFX works, you can learn a lot about its 
capabilities by examining some of the factory sounds. After all, the 
designers who created these sounds are using the machine to its fullest 
to demonstrate what it can do. You won’t find any better teacher than 
the factory programs. 


When it comes to creating something new, use your mind to break down 
a new sound into its basic elements (Pitch, Timbre, Loudness, Shape) and 
then apply them to the parameters on the VFX. In this way you can 
compose sounds effectively and successfully. 
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Final Conclusion 


Conclusion 


TT material in this book covered a lot of ground, and rather quickly. 
The elements that combine to create a complete sound are many and 
varied and can behave unexpectedly at times. Allow me to suggest, the 
best tack is to approach a sound with intelligent guesswork and by trial 
and success accomplish your goal. 


Don’t disregard the unreasonable and extraordinary idea. It can often 
lead to an unexpected success. 


Good Luck! 


DW 
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